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ABSTRACT 
Auditory space produced by means of a Continuous Transmission 
Frequency Modulated (CTFM) wide beam wide band sonar has been used 
in a sensory aid for the blind for some time. Underwater sonar 
using this auditory space has also shown its increasing promise in 
fish finding applications. Yet, laboratory measurements on the 
perception of spatial information produced by this auditory display 
were conducted under stationary conditions only, and showed a poor 
resolution capability of subjects which is entirely unmatched with 
the observed performance of either the sensory aid user or the fishing 
sonar operator in his mobility or shoal tracking task. In this thesis, 
laboratory experiments using realistic system simulation are described 
which determine the ability of subjects to detect and resolve objects 
in space by auditory means under both static and dynamic conditions. 
Step by step investigation on the auditory perception of spatial 
information is approached from the very simple situation of two single 
stationary tones to the extremely complicated situation of two multiple 
component tones varying with respect to time in a noise contaminated 
auditory space. It is shown that the auditory resolution and 
detectability are significantly improved in the dynamic case, when the 
inputs to the subjects' ears are very rich in information. 
In addition to these experiments, theoretical study on the auditory 
display, the sonar system and several related factors are also extensive-
ly developed in this thesis. 
PREFACE 
The thesis covers several topics related to either 
psychophysics or electrical engineering system concept, or both 
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s~jects at the same time. Psychophysical experiments using system 
simulation techniques are described in chapters 2, 4, 5, 6 and 8, 
while chapters 3 and 7 discuss the audible informat~on produced by 
the wide banq binaural sonar and compare it with the results 
obtained from field experiments. Many parts of chapters 2, 3 and 
4 were published in the two papers: 
[1] KAY, L! and DO, M.A. ~ artificially generated multiple 
object auditory space for use where vision is impaired. 
Acustica, Vol.36, 1976/77, pp.l-8. 
[2] DO, M.A. and KAY, L. Resolution in an artificially generated 
multiple object auditory space using new auditory sensations. 
Acustica, Vol.36, 1976/77, pp.9-l5. 
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CHAPTER 1 
INTRODUCTION 
CHAPTER 1 
INTRODUCTION 
1.1 PROJECT HISTORY 
It was first proposed by Kay [1] ~hat an auditory space 
:eor use by blind persons could be arti,ficially generated by 
employing a wide angie ultrasonic radiating field as an 
'!i1luminating!' so¥ce, together with two receivers, one feeding 
each ear, to convert reflections into audible sounds. These 
would be perceived binaura11y. The distance to a reflection was 
to be coded in the form of rising pitch with increasing distance 
(frequency proportional to distance), and the binaural differences, 
which could include time, frequency and amplitude, would indicate 
the direction of a reflection. Subsequently, Kay [2] found that 
amplitude difference was the dominant one. It was later 
demonstrated by Rowell [3] that time and frequency differences were 
~ncompatib1e, impeding the fusion of binaural signals, and he 
proposed that the possible interaura1 differences be reduced to 
that of a~p1itude only - as far as this was physically possible. 
This auditory space was readily produced by means of a sensory aid 
for the blind ~4~5] (Fig. 1), and a sonar to locate fish [6,7] 
(Fig. 2). 
An extensive evaluation of the sensory aid was carried out 
during 1970-72. The results obtained from field experiments 
with both systems are briefly described in section 1.2. 
1 
Fig. 1: Binaural sensory aid 
for the blind. 
2 
Fig. 2: Transducer for 
binaural sonar. 
3 
The observed ability of a blind user of the sensory aid to negotiate 
complex, rea~ environments and be more effectively mobile [8,9], as 
well as the ability of a sonar operator to discriminate between 
4 
two shoals of fish simultaneously presented in the field of view [7], 
were impossibly exp~ained by the experimental results obtained from 
Rowell [3] and Anke [10]. The latter was from laboratory experiments 
using system simulation designed to determine th~ ability of subjects 
to resolve objects in space by auditory means. 
foUnd a very poor auditory resolution. 
Rowell and Anke 
It is the disagreement between the results obtained from the 
fie1d evaluation [7,8,9] and laboratory experiments' [3,10] which has 
triggered this project. Rowell and Anke's experiments used only 
statib situations to facilitate controlled measurement. The temporal 
effects and the complexness of the sounds produced by either the 
sensory aid or the fishing sonar under dynamic conditions, which 
could possibly enhance the resolution capability of subjects, were 
neglected in their experiments. 
Hence the aim of this project is to study the perception of 
spatial infopmation of subjec~s using the multiple aUditory space 
under dynamic conditions. Laboratory experiments using system 
simUlation as close to realistic situations as possible have been 
carried out to measure the capability of resolution, detection, etc. 
of subjects. This result is connnected with the theoretical research 
on the auditory system and the sonar sysbem to explain and predict 
the performance of the man and machine system as a whole. 
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1.2 EVALUATION OF THE BIN.AURAL SONAR SYSTEM 
1.2.+ Sensory Aid for the Blind 
About 200 blind people have learned to use the sensory 
system as an aid to spatial perception and to gain improved 
mobility. When 100 people had been trained by specially qualified 
teachers, both the users and teachers were questioned by a 
professionally prepared questionnaire [8,9]. It was found that 
the users learned to interpret the very rich auditory information 
with comp<;l.rative ease. After 40 to 60 hours of training over a 
period of four weeks, many of the users were able to travel in a busy 
pedestrian area with a grace and confidence not seen before in totally 
blind peopie. A few, at least, approached a behaviour pattern not 
unlike that of a sighted pedestrian (as recorded on film). 
Several schools specialising in the training of mobility 
1< 
instructors, two of which were involved in the evaluation, have now 
commenced training more instructors in the use of the binaural sensory 
aid. This form of auditory space has now become accepted as a viable 
means for aiding blind people to perceive their immediate environment. 
1.2.2 Fishing Sonar 
The fishing sonar was fitted to the bow of a 5.4 metre boat and 
tested in 36 to 54 metres of water in the Marlborough Sounds (N.Z.). 
Even when the wate+ was choppy with 0.3 m waves causing the boat to 
rock and pitch considerably, it was easy to track a 45 em diameter 
sphere submerged to 18 m as the boat and sphere drifted apart up to 
- 100 m. 
'* Department of Blind Rehabilitation, College of Education, 
Western Michigan Uni ve rsi ty I Kalamazoo, Michigan 4900 1, U. S .A.; and 
National Guide Dog Training Centre, Royal Guide Dogs for the Blind 
Associations of Australia, P.O. Box 162, Kew, Victoria 3101, Australia. 
6 
The transducer was not stabilised; its field of view covers an arc of 
500 in azimuth and 300 in elevation. The listener was able to 
correlate the movement of the boat with the changes in auditory 
sounds and "stabilise" his auditory space. This was the most 
unexpected part of the findings using the new display. Kay's 
earlier trials with a stabilised FM sonar had demonstrated the 
capability of the auditory system to track similar underwater targets 
[:)..1] • 
In later sea trials lasting four days on a 14 m launch, again 
with the transducer fitted to the bows, shoals of fish could be 
readily detected up to 135 m . The bOat was easily steered by an 
untrained person over the top of the shoal so as to obtain 
confirmatory evidence on an echo sounder. When two shoals were 
located at the same time, in different directions and at different 
distances, the choice could be made to steer over either the larger 
or the nearer shoal. It was also found that two different species 
of fish could be recognized as "different" by the difference in the 
character of the echo sounds they produced. The probability of 
locating a shoal appeared to be increased. significantly [7]. 
Recent extensive trials (August 1975 - February 1977) at 
different waters of New Zealand showed greGl.t improvements on 
detection ranges. Shoals of fish at ranges up to 600 m were 
detected without difficulty (see chapter 7). 
The results of both the evaluations indicated clearly the 
ability of human operatots to use the new auditory display with 
relative ease, even though th~ input to the ears was rich in 
information. Whilst the sonar operator steering a boat travelling 
at 2.5 mls may have up to 4 minutes in which to carry out his 
operation, a blind person walking at about 5 krn/hour along a footpath 
7 
has only 2 secs in which to avoid a stationary pedestrian in his 
path at a 3 m distance. The blind traveller then experiences 
exceptionally high rates of fractional range change. Even so, the 
control functions are reqdily generated by the user so that the task 
is easily executed [12]. 
1. 3 SYSTEM CONCEPT 
The basic paramete~s of the aUditory display or spatial 
information are simply descr~bed under stationary conditions. 
The distqnce to an object in the system's field of view, of say 600 , 
is proportional to the freqt:jency of· the audible sound output of the 
, , 
device !(typically 941 Hz/m for the :Plind aid~ and selectively varying 
among 53.33, 26.67, 13.33 and 6.67 Hz/ril for the fishing sonar), and 
the direction of an object is indicated by the binaural difference 
of the sounds fed to each ear (typical I.A.D. is from 0.4 to 0.5 dB 
per degree in the sensory aid, and about 1.5 dB per degree in the 
fishing sonar) . Figure 3a,b,c illustrates the basic parameters for 
sonar. The I.A.D. curve in Figure 3b belongs to the sensory aid. 
That of the fish sonar is about three times steeper [7]. 
To provide these cDmJ:>ined distance and direction indicators, 
a continuous transmission frequency modulated (CTFM) echo-location 
system must be used, typically - but not restricted to - operating 
over a frequency range of qpptoximately 40 kHz to 80 kHz as shown 
in Figure 4. There seems to be ho other simple way to obtain these 
display parameters which are quite unique in their more complex form 
under dynamic conditions of human location. 
The radiated signal of the transndtter is cyclic and of the 
form (Figure.5) 
= (1) 
a) 
\ 
\ 
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Fig. 3: Illustration of basic parameter for sonar. Maximum range is 
6 m for blind aid and up to 750 m for fish sonar, the maximum 
audio f.requency is 5 kHz a) . targets in sonic beam, 
b) binaural direction code, c) the receiver responses. 
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where t is the time during a sweep cycle, i.e. 0 '< t < T s s S 
TS is the sweep period 
m is the sweep slope to be chosen. 
This signal may be assumed to have a rectangular envelope of 
dtirqtion TS neglecting the "loss time" • Any instant, t = t + t n s 
where t is the beginning of the n-th period of the modulating 
n 
function , and t varies between 0 and TS s 
At the time t I the instantaneous transmitted frequency .is , 
fT(t) == f - m t 2 s ( 2) 
Under perfectly stationary conditions, the received signal 
SR(t) is a delayed replica of the transmitted signal reflected by 
an object at distance r. Hepce 
( 3) 
If C is the velocity of sound in the propagating medium 
then T , the time delay, is 2r/C; a(r) is the attenuation due 
to range r. The instantaneous phase angle of the received signal 
is then 
== 
The received frequency is given by 
:::: 
1 
21T == 
(t 
s 
2 
- T) ) 
2 r. 
- --
C 
(4) 
(5) 
The range coding frequency of the system is obtained from the 
difference between the transmitted and received frequencies at time t. 
= fRet) - f (t) T . :::: 
2mr 
C 
and is made audible by a suitable choice of m. 
(6) 
Thus, whilst the transmitted and received signals are time 
12 
varying and inaudible ~tween 40 and 80 kHz, the audible signals at 
the ch.;mnels are of the same consta~t frequency proportional to the 
distc\noe r ( in the ~nterval t < t < t. 
n n+l (neglecting short 
transient intervals «'J.' ): 
s 
The interaural amplitude difference 
(I.~.n) at t.wo ears is designed to be proportional to the azimuthal 
direction of the object, e 
I.A.D 
where and 
A 
R 20 log -
AL 
K 0 ( 7) 
are the amplitudes of the audible signals 
presented at the right and left ears respectively. The constant K 
depends on the shape of the receiver responses. Bya suitable choice 
of K, the direction oode can be matohed so that the estimated 
d~rection as perceived by the user is equal to ,the actual direction 
o . 
The I.A.D code is obtained in practice by using a specially 
designed transmitter-receiver transducer arrangement [5]. The ideal 
I [ 3] overall transducer response is shown by Rowell to be 
(0 2 ~(e) c exp [ - - a.) ] ( 8) = 4 a. k 
AL (e) = C exp [ - (0+a.)2 ] (9) 4 a. k 
where a. is the splay angle of the receiver transducers, c a 
constant, and k is related to the slope of the I.A.D curve, K, 
by 
20 10910 e 
-K = (10) k 
e = 2.718 
If an object consists of a number of surfaces., each scattering 
energy back to the receiver, and the distance to each surface is 
r + fir. , i = 1 , n i the audible signals corresponding to the 
~ 
13 
object will be 
", ' 
n 2m VRlt) = E cdr} AR (6 i) exp [2TIj (r + Llr. ) t] 
i=l C 1-
(11) 
n 2m V (t) = L: a(r} AL (6 i ) exp[2TIj (r +Llri ) t] L i=l C 
( 12) 
The perceived sound is a complex tone whose frequency spectrum and 
diffusion in direction are uniquely related to the geometry of the 
object in space, and consequently having a unique audible character. 
The auditory display of spatial information described so far 
is on+y for the perfectly stationary situations. In rea+istic 
conditions, there is always continuously varying movement between 
the environment and the transducers producing popplershift in the 
reflected signals. The audible signals change to patterns of sounQ 
variation uniquely related to the relative changes in range and 
direction of objects. The forms of these patterns are investigated 
in chapter 3. 
Appendix VIII gives a detailed study on the ambiguity function 
and the resolution performance of the CTFM sonar. 
1.4 AUDITOR'! SYSTEM - AN UNUSUAL FREQUENCY ANALYSER 
Since the range of an object is coded in frequency, the 
resolution and di3teation performance of the man-machine system, 
as a whole, is essentially dependent on the capability of the human 
ear to analyse the spedtrum of the sound produced by the sonar. 
The first main step of the process of frequency analysis is 
basically a matter of filtering. In a physical frequency analyser 
such as a bank of parallel electrical filters with one common input 
and several different outputs, it is the widths ot the filters which 
determine the frequency resolution of the system, the amount of noise 
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Fig. 6: The cochlear a_nalyser. 
a) position of the cochlea in 
human ear. 
b) Cross section through cochlea 
showing fluid-filled canals 
and basilar membrane support-
ing hair cells. 
c) 
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effective.:),.y masking a sign~l and tl1e transient times of the responses. 
Howevei', psycho'physicai measqrements of the auditory frequency 
analysis perform~nde have shown that the ear is a very unusual 
frequency analyser. Some of its basic characters are investigated 
in this section. 
The "cochlea" in the inner ear is the primary frequency 
selective part of our hearing organ. Inside. the cochlea, the 
"Basilar membrane" supports the "organ of Corti" -where the mechanical 
to neural transduction is affected "by the "hair celis" (Fig. 6a,b). 
Hel,mholtz visualized the basilar membrane as a succession of tuned 
strings (as in a piano) resonant at different frequencies [13]. 
!:lowever, it was Bek~sy [14]· who discovered the "travelling waves" 
on the basilar membrane and recognised the medium of these travelling 
waves as a Iinon-uniform" transmission line: high frequencies travel 
only a short distance on the basilar membrane from the "stapes" 
and are then attenuated, while low frequencies travel farther along 
the basilar membrane - the lower the farther - before being stopped. 
Thus each frequency in the audio frequency rahge has its own ;'p1ace" 
on the basilar membrane where it will cause maximum vibration. 
This observation has led to the so-called "place theories" of pitch 
perception, according to which the position of maximum vibration of 
the basilar membrane determines the pitch of a pure tone (Fig. 6c) • 
... .. 
The frequency resolution of the basilar membrane as observed by Bekesy 
is very low. He found that two tones, f1 and f 2 , simultaneously 
sounded must be separated by a fractional difference of 6: ~ 30% , 
where Af = f1 - f2 and f =f1 + f2/2 , before usual fatigue 
effects appear. Bekesy considered this as the limen where fl and 
f2 could be heard as distinct tones. 
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Below this limen, beats are produced; the stimulus magnitude 
fluctuates continually so that during the silent periods the nerve 
endings have time to recover. In another experiment using two series 
of tone pulses of the same amplitude, with each pulse in a series 
filling the silent period between pulses in the other series, Bekesy 
founq that, at 2000 Hz, a frequency difference of 60 Hz was required 
so that the loudness of two tones could be completely separated. 
Severql psychoacoustic experiments were carried out to measure 
the auditory frequency resolution during the last few decades. 
Different terms, such as frequency discrimination, pitch 
discrimination, differential sensitivi~y for pitch, just noticeable 
frequency difference, minimum perceptible change in frequency, were 
Used to describe the subjective capability in recognising the minimum 
frequency change with respect to time, either abruptly or in a certain 
continual variation mode (e.g. sinusoidal modulation, manually 
adjusting a frequency controlled knob, etc.). The frequency 
resolutioh measured by these methods is very high, and the results 
are relatively close together. 
[15,16,17]. 
They are reproduced in Figure 7 
Schroeder [18] wrote, "A series obstacle in the place theories 
was the relatively low frequency resolution (the low Q) of t~e basilar 
membrqne as observed by Bekesy. Psychoacousticai1y, the just-
noticeable frequency difference between two tones presented in 
succession to a human listener is less than 3 Hz at 1000'HZ! etc. 
They explained it by assuming sophisticated neural processing 
following the crUde mechanical filtering action of the basilar 
membrane. We will not trace their intricate (and probably erroneous) 
reasoning and simply remark that in more recent work, the mechanical 
filtering of the Basilar membrane was shown to be much more 
frequency-selective than found by Bekesy. 
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The reason why Bekesy did not observe this high frequency resolution 
is that he worked with dead animals and had to use large sound 
amplitudes in order to be able to see the basilar membrane motions 
Under his microscope. It is now known, through the work of Rhode 
[19], that frequency selectivity is substantially lowered at high 
ampli tudes and within minutes after metabolism ceases." 
However, the assumption that the mechanical filtering process 
in the cochiea is the only frequency analysis would not be able to 
explain the complete difference of the frequency resolution of two 
tones when presented successively (l1f ~ 0.5%) and simultaneously f 
( I1f. ~ 40"') [ 10 5] f ~ 3,,2. The concept of the critical band as 
(i) either the limited band of noise effectively masking a tone, or 
(ii) the frequency band within which the energy of a multiple 
component tone is summated, etc', was introduced as another 
approximation of the ear's frequency selectivity, and measured by 
different methods. Widely diverse results were obtained. 
Yet, the critical band is still from 20 to 50 times the just-
noticeable frequency difference [20,21] (chapter 8). Study on the 
perception of the sounds containing temporal variations in frequency 
and amplitude revealed that time varying sounds are more easily 
resolved and qetectable than the stationary pure tones [22,23]. 
This suggests that central analysers following the basilar membranes 
filtering exist and are specific for modulated, rather than for 
constant signalS. 
1.5 THE NATURE OF THE PROBLEM 
Many complex factors are involved in stUdying the sensory 
processes and perceptual formation of the user of the multiple objec~ 
auditory space, To describe and measure the behavioural 
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characteristics of a binaura~ sonar user; the science of psycho-
physic::;; and the sonar system concept must pe cO,mhined in all 
investigations. In static situations, each single target is simply 
descriPed by a tone of more or less single frequenct and of a 
certain interaural amplitude difference, it is of course not very 
difficult to measure subjective performance. But once the subject 
and objects are mobile, the sounds become extremely complicated. 
Each object produces in the auditory sp~ce a binaural sound pattern 
uniquely related to its own motion [24]. It is impossible to handle 
all the dynamic variab~es at the same time in the psychophysical 
experiments. Also the situation becomes even more complicated when 
objects in the field of view consist of several scattering surfaces. 
Hence it is necessary to have a detailed investigation on the 
character of the sound displayed by the binaural sonar in different 
dynamic situations. From these, essential variables can be selected 
and simulated in the laboratory experiments. A first approximation 
to the realistic c'onditions, simulating moving simple objects, was 
described in two papers [24,25]. A more detailed investigation is 
presented in chapters 3 and 4. Experiments to determine 
, ' 
discrimination and detection performance of subjects in more realistic 
and also more comp~ex situations (objects having finite sizes, and 
auditory space being contaminated by noise) are described in 
chapters 5, 6 and 8. Chapter 7 studies the acoustic back-
scattering characteristics of underwater objeots and their 
reverberant medium, and provides data for the simulations in 
chapters 6 and 8. 
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CHAPTER 2 
PH E NOM E NA RES U L TIN G FRO M THE 
SIMULTANEOUS SOUNDING OF TWO PURE 
TO 1\1 ES AND THE I R R E LA T ION S TOT H E 
" ' , 
AUDITORY FREQUENCY. RESOLUTION 
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CHAPTER 2 
PHENOMENA RESULTING FROM THE SIMULTANEOUS 
SOUNDING OF TWO PURE TONES AND THEIR RELATION 
TO THE AUDtTORY FREQUENCY RESOLUTION 
2.1 INTRODUCTION 
In the preceding chapter, a display of spatial information 
~si~g audible sigrtals with binaural characteristics was described. 
According to the description, the audio ihformation obtained from a 
multiple of objects is extremely complex since a large humber of 
tones, each with its own binaura1 characte~isti6, ~re presented at the 
same time. In an endeavour toward ah understanding of this auditory 
, , 
dispiay, the simplest step is to study the phenomena resulting from 
the simultaneous sounding of two pure tones so as to determine a 
meaningful definition of frequency resolution related to spatial 
resolution. Several different psychological problems are immediately 
presented under such conditions of stimulation. Indeed, even if the 
two tones ,are monaurally presented, depending on the combinations of 
four variables (two frequencies and two amplitudes) there will be 
different effects, namely, beats, c~mbination tones (C.T's), masking, 
fusion, discrimination, etc., on the subjec"i;.'s perception. 
In addition to th~ introduction, there are four sections in 
this chapter. The first section discusses the investigation of the 
phenomena due to the simultaneous stimulation of two tones, studied 
by earlier workers. "In the second section, different definitions 
of frequency discrimination found in literature are examined and a 
definition for the auditory 'frequency resolution is proposed. An 
experiment is then devised to measure this frequency resolution in 
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the third section. In the last section, the ~esolution perform-
ances in two cases of monaural and binaural perceptions are 
compared and discussed, and a model is proposed to elucidate the 
non-linearity of the.ear as well as how the eT's·can be suppressed 
at a certa~h criterion of frequency resolution. 
, 
2,2 PHENOMENA RESULTING E'ROM THE SIMULTANEOUS STIMULATION 
OF TWO TONES 
In 1924, Wegel and Lane [1] of The American Telephone and 
Telegraph Company designed a very elegant experiment to measure the 
auditory masking of one pure tone by another. Their experiment 
was basically to determine the shift of the threshold of hearing of 
a pUre tone when masked by another. However,when using the 80 dB 
1200 Hz tone as the masker and increasing the sensation level of the 
masked tone beyond its threshold of hearing, they could determine 
the limits in intensity and frequency of the masked tone where 
either beats~ or combination tones, or one tone only, or two tones 
only etc., would occur. These results were later reproduced by 
Fletcher [2,3] in an easier understanding form. 
Let the primary tone, fl ' be the masking tone or the masker, 
and the secondary tone, f2 ' be the masked tone, or the maskee. 
Figure 1 shows the variations of the threshold shift (Le. the shift 
of the threshold of hearing) of the secondary tone as a function of 
the intensity of the primary tone. These results can be summarized 
as follows: 
(i) When the sensation level of the masking tone is higher 
than 40 dB,it masks tones of higher frequency more effectively than 
those of frequency lower than itself. Particularly, a masking tone 
louder than 60 dB can mask effectively a higher tone of even more 
than two octaves apart, but has little effect on a lower tone of 
about an octave apart. 
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(ii) When the sensation level of the masking tone is lower 
than 40 dB, there is little difference between masking a lower tone 
and a higher tone. 
(iii) When the tones are close enough in frequency, the 
masking curves approach the sttaight lihes wit~ 450 slopes. The 
tones do not give masking curves i~ the ~ame se~se as when further 
apart. The curves represent measurements of the minimum perceptible 
fluctuation of the beating tone. 
The results of these measurements were converted to the 
functions of the frequency of the masked tone ih Figure 2 by 
Fletcher [3]. The frequency of the masking tone is shown on the 
top of each chart while its intensity is given in the curve itself. 
Considering the masking curve of the 80 dB 1200 Hz primary tone only. 
For each frequency of the masked tone, instead of increasing its 
intensity to the just detectable threshold only, Wegel and Lane 
increased it up to the level of the primary tone oVer the range of 
f~equency from 400 to 4000 Hz and determined the criteria where 
different phenomena due to the simultaneous stimulation of two tones 
would occur (Figure 3). 
A careful analysis was made of the mixture of tones present 
in the ear when the 80 dB, 1200 Hz primary was present along with 
the secondary of frequency 700 H~, and of about the same intensity. 
The component frequencies were determined by introducing a third 
tone of known variable frequency and determining the frequencies at 
which beats occur. The components found in the mixture were: 
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TAB:pE 1 - COMPONENTS FOUND IN THE MIXTURE OF SUBJECTIVE 
TONES 
COMPONENT FREQUENCY COMPONENT FREQUENCY COMPONENT FREQUENCY 
(Hz) (Hz) . (Hz) 
fl 1200 fl - f 2 500 fl + f2 1900 
f2 700 2f -1 f2 1700 2fl + f2 3100 
2fl 2400 2f2 - f 1 200 2f2 + fl 2600 
2f2 1400 2fl -2f2 1000 2fl +2f2 3800 
3fl 3600 3fl - f 2 2900 . 3fl + f2 4300 
3f2 2100 3f -2 fl 900 3f2 + fl 3300 
4f2 2800 
No attempt was made to determine their magnitudes although 
this can p~obably be done approximately by measuring the intensity 
of the exploring tone at which the beats at each frequency are most 
prominent. Except for the absence of frequency 4fl ' this series 
is all that would be expected if the response of the ear were non-
linear and represented by the equation 
(1) 
where x is the response of the mechanism of the middle ear; a 
o 
a l ' a 2 ' etc., are constants, and p is the pressure in the ear 
canal. 
Later, 1929, Wever [4,5] made a detailed investigation into 
the beat phenomenon and described this by three clearly distinguish-
able stages, appearing successively as the frequency-difference of 
two tones is increased from zero: 
(i) Noticeable oscillation, or surges of intensity: the 
rise and fall of the loudness of the tone is prominent so long as 
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the rqte is slow. 
(ii) Intermittence or pulsat~on of tone: Subject hears 
onl¥ the pulses of tone separated by silence, when the beats become 
more rigid. 
(iii) Roughness without intermittence: There appears a sort 
of whir, subject can no longer distinguish individual pulses, and 
the sound is characteristically rough. 
Hence, a definition of the limits within which beats are 
perceptible must take into account three factors.: (1) the pitch-
re9ion from which the tones are taken, (2) .the intensities at which 
these tones are sounded, and (3) the particular criterion selected 
for judgement. Observing two tones equated at an intensity of 20 dB 
above threshold level, one was at 1024 Hz while the other was 
varied from that frequency upward, Wever reported that at a rate of 
1 beat in 80 sec. the change of intensity was still observable. The 
three stages of beat are approximately determined by: (i) Oscillation, 
frequency difference is smaller than 6 Hz; (ii) Intermittence, 
frequency difference is from 6 to 166 Hz; (iii) Roughness, frequency 
difference is :(::rom 166 Hz to 356 Hz. All these limits are extended 
as the frequencies of the tones are increased. Investigating the 
results of very early workers, Wever Su.ggested that the higher 
values stated for the upper limit of beat perception had been 
obtained with roughness as the one to judgement, while lower values 
represented the limits of perception of intermittence. 
Using two tones of frequencies 1024 and 1025 Hz, and varying 
their intensities, the effect of intehsity on the thresholds of 
beats can be illustrated on Figure 4. The phenomenon of beats 
having been described so far is called the "beats of imperfect 
unisons" • Musicians also experience that if two tones, one the 
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exact octave of the other, are sounded together, a fused, continuous 
. . 
tone is heard; but if one of the tones is altered slightly in 
frequency, there wi11 be beats. Likewise, beats arise from other 
consonant, yet tempered. in intervals: fifths, thirds, double-octaves, 
etc., when they are mistimed. These are the "beats of mistimed 
consonances". This phenomenon was also shown in Figure 3, and 
understood as due to the distortion of the tone when conducted 
through the middle ear. Fortunately, the beats of mistimed 
conSonances are not very prominent, so its effect on the frequency 
resolution which will be defined later is not significant. Another 
main phenomenon, namely,CofUbination tones, which strongly affects 
the determination of the threshold of auditory resolution will be 
considered next. 
The concept of auditory non-linearity that Helmholtz 
introduced in the 19th century to account for Combination tones 
(CT's) is that the auditory process suffers significant percentage 
of distortion at high sound levels. Little work was found to 
challenge the concept that auditory mechanical response is linear at 
low sound levels. until 1955, when Zwicker [6] measured the CT's 
perceived with two-tones stimulus by adding a third tone with the 
appropriate frequency, phase and amplitude to cancel the CT. 
His data showed that the CT, having a frequency of twice the lower 
minus the higher stimulus frequencies, did not incr.ease in percentage 
distortion with increasing level. Later Plomp [7] reported a much 
richer spectrum of CT's than the sum and difference tones found by 
Helmholtz. Using cancellation-tone method, Goldstein and Kiang [8,9J, 
and Hall [10,11,12] carried out elaborate work on measuring the 
combination tones. The characteristics of the two most prominent 
C TiS; the "cubic difference tone" 2fl - f2 and the difference tone 
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can be summarized as follows: 
1) The C T, 2fl - f2 ; becomes .audibleat leveis near the 
threshold of hearing where the middle ear is still highly linear. 
2) The amplitude of the CT, 2f1 -f2 ~ depends very 
strongly on the frequency difference of the stimuli, decreasing at a 
rate of up to 100 dB per octave. 
3) The intensity of 'the f2 - f 1 .CT is in some respect 
similar to that of the 2fl - f2 CT. It decreases with increasing 
f l /f2 , and it changes only slightly with the change of the intensities 
of fl and f2 . 
4) A striking difference between the two CT's is that 
when the stimulus frequencies, fl and f2 ' are close together, 
an increase in the frequencies of the two stimuli decreases the 
amplitude of the f2 - fl CT more than the amplitude of the· 
2fl - f2 CT • 
The variations of the levels of these CT's (relative to the 
stimulus levels) with respect to frequency and to intensity are shown 
in Figures 5 and 6. 
2.3 DEFINITlON OF FREQUENCY RESOLUTION 
The concept of resolution in relation to visual displays of 
space has been clearly understood for a long time by means of the 
Rayleigh's Criterion of diffraction theory. In auditory displays, 
studies on the phenomenon resulting from the simultaneous sounding 
of two tones shows that if the frequencies of the stimuli are not 
adequately separated, subjective tones differing from the stimuli 
can create images of non-existent objects. Therefore the criterion 
defining aud~tory frequency resolution must be chosen so that the 
perception of the tones provide spatial information of the real objects. 
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FIG. 5. Variation of the 
level of C T, 2fl - £2' 
with respect to the 
frequency-difference 
of two tones, and 
their levels (Ref.l0) 
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Observing' Figure 3; Wegel and Lane's results show that for 
the 80 dB 1200 Hz primary tone l the 80 dB seconda~y tone l when 
decreasing in frequency from 1200 Hz will meet a criterion where 
only two tones, the prim,ary and the secondary, are perceived. But 
it wo~'t meet such a criterion when increasing i~ frequency 1 even 
up to 4000 Hz. The result is very strange and contradictory to 
the result found by Wever that when the secondary tone is varied 
upward from the frequency of 1024 Hz of the primary tone l roughness 
due to interaction between two tones diminishes at a frequenr:y-
difference greater than 356 Hz. None of these observations was 
extended to different freque,ncies. 
Plomp [13JI Plomp and Levelt [14J 1 and Plomp and Steeneken 
[15] attempted to define four different criteria described as 
follows: 
(1) Frequency-difference between partials of a complex of 
tones required to hear them separately. 
(2) Frequency-difference between two simultaneous tones 
required to distinguish two pitches. 
(3) The frequency-difference between two tones for which 
the harshness of dissonance produced by the tones reaches a maximum. 
(4) The frequency-difference for just absence of inter-
ference between two tones (beats are inaudible). 
These definitions appear to have some meaning related to the 
auditory resolution. However when investigating the results and 
the experimental techniques shown in these reports [13,14 /15], the 
writer is convinced that the fourth criterion is equivalent to the 
end of the second stage of beats described by Wever [4], while the 
third is actually at the maximum perceptible intermittence of this 
stage. A forced choice procedure is used in determining the first 
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and second criteria, where subject is asked to compare a stimulus, 
which is a twelve-component complex tone in case (+),' and is a two-
component tone in case (2), with two different single tortes, and to 
choose the single tone which belongs to the stimulus. Obviously 
the procedure does not testify to either the absence o! the existence 
of the co~bination tones. So neither of these criteria lead to an 
understandin~ of auditory resolution which is applicable to the 
auditory displays, though they do represent some psychological 
sensations (Figure 7). 
Rowell [16] sought to define the frequency resoluticm .'l.S the 
least frequency difference between two tones so that one could 
perceive both clearly and distinctly~ Using six subjects he showed 
that judgements could vary from ~f/f being 4% to 40% where ~f 
is the frequency difference and f the mean of the two frequencies; 
but only those subjects who gave 40% said they actually heard two 
tones as distinctly separate. These latter results (Figure 8) were 
the closest to indicating the resolution capability of the auditory 
system in terms which are related to the sonar system we are 
attempting to evaluate. 
The purpose of this study is to seek for a definition of the 
auditory frequency resolution which is related to the spatial range 
resolution in a sense that when there are two objects presented in 
the sonic field of the sonar system, the user will hear only two 
tones and the perceived tones must be the coding tones of the objects 
(which are the stimuli). Thus the auditory frequency resolution is 
defin~d as the least frequency difference between two tones so that 
they are perceived as being "distinctly separate". The term 
"distinctly separate" used here implies the absence of interference 
between the stimulus tones so that they are the only tones perceived 
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FIG. 7. Four criteria of Sensations defined by Plomp et al. 
• Freq~ency difference between the partials of a complex tones 
required to hear them separately. 
, Frequency difference to distinguish two tones simultaneously 
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by subject. To dete~ine this frequency resolution at different 
frequencies an ex~eriment has been c,,+rried out. 
given in the next section. 
2.4 MEASUREMENTS OF FREQUENCY RESOLUTION 
The description is 
An experiment is now devised to measure the above defined 
frequency resolution~ We are'considering a stimulus of two pure 
tones, one of fixed freqqency and the other of adjustable frequency, 
whose frequency difrerence is gradually increased from zero. If 
the experimental p~ocedure is to simply ask the subject to determine 
the minimum fregqency difference of the two tones so that two 
components can be heard "distinctly and clearly", highly divergent 
results will be obtained from different subjects (see Rowell's 
resul ts, Figure 8). This happens because the above procedure can 
not verify subjects' judgements. The phenomena resulting from the 
simultaneous stimulation of two tones are so complicated and subjects 
may not, perhaps, be sure about the psYchological meaning of 
"distinctly and clearly". It seems that in Rowell's experiment, 
subjects used different stages of beat phenomenon [4] ·to judge the 
resolution of two tones. It is also necessary to note that there 
are the limits of frequency difference of the stimuli where .the CT's 
can be heard more clearly than the high stimulus tone itself. So 
when a subject reports that he hears two tones it is not sure that 
he perceives the stimuli. In order to obtain the right measurement 
of frequency resolution as defined in the last section, a procedure 
has been designed to verify the. subject's judgement at the criterion 
of resolution. 
(i) TWO and ONLY TWO TONES ARE PERCEIVED by subject, and 
(ii) THE PERCEIVED TONES ARE THE STIMULI. 
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PROCEDURE 
Let fl be the primary frequency, and f « f ) 
2 :t be the 
secondary frequency. Initially f2 is much ~aller than fl so 
that they aredistinctly,heard as two separate tones. The 
secondary frequency f2 is then increased step-by-step until it 
reaches the maximum value for which both fl and f2 are still 
resolvable in the sense defined. For each pair of' fl and f 2 , 
two tests are successively carried out to verify subject's judge-
ment as described in (i) and, (ii) : 
TEST 1 - In this test, the subject's task is to listen to a suund, 
which randomly includes either two components fl and f2 only, 
or,three components f l , f2 and f3 I where the additional 
component f3 may have one of the values 2f2 - fl or f l - f2 • 
A "Yes" or "No" answer must be given to the question "is this onll 
TWO TONES?". A "Noll answer should be given when three components 
are included in the stimuli. 
TEST 2 - If the answers given to a pair of fl and f2 are 
correct, test 2 is carried out. Immediately after a "Yes" answer is 
given in test 1, a single tone is then used as a stimulus through 
subject's headphones. Either of two questions are then asked 
"is this the LOW TONE?'! or "is this the HIGH TONE?", whil~ the 
single tone may have the value of either fl I f2 ' 2f2 - fl ' or 
If these answers are correct, the tests are repeated 
with another pair of fl and f2 • 
The experiment was carried out in an anechoic chamber, and 
equipment was set up as in Figure 9. 
RESULTS 
Two types of tones are used in the experiment: (l).Continuous 
tone, (2) pulsed tone (repetition period 2 sec, blanking duration 
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200 msecs). The stimuli are of the same intensities, and their 
total sound levei is k~pt at 70 dB. Results given by four subjects 
for the continuous tone, apd two subjects for the pulsed tone are 
shown iF). 'j.'able 2 and Table 3. The average value of the frequency 
difference, ~f, so that two tones can be resoived is present as a 
function of the Primary frequency (Figure 10). These results have 
been already shown elsewhere [17J. 
'j.'ABLE 2 - FREQUENCY RESOLUTION OF CONTINUOUS TONES 
f1 
500 1000 1500 2000 3000 4000 ~f 
81 125 270 400 740 1300 1800 
s2 90 365 480 570 1180 1890 
S3 110 410 615 770 810 1570 
S4 130 370 470 690 1080 1530 
~fav 115 355 490 695 1095 1725 
TABLE 3 - FREQUENCY RESOLUTION OF PULSED TONES 
(Repetition period 2 s, Blanking 0.2 s ) 
f1 
500 1000' 1500 2000 3000 4000 ~f 
Sl 120 390 530 740 1200 1750 
S3 145 440 685 900 1060 1620 
~fav 135 415 610 820 1130 1750 
Oscillator 1 
fl 
Oscillator 2 
f2 
Oscillator 3 
f3 
DIGITAL 
FREQUENCY 
COUNTER 
S3 
CONTROL 
LOGIC 
LEVEL 
CONTROL 
SUMMER 
AMP 
OSCILLOSCOPE 
FIG. 9 - Equipment arrangement for measurement of frequency 
resolution. 
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2.5 DISCUSSION 
From the above results, ta~ing and 
6.f 
then f is approximately 40%, Rowell [~6]t in another experiment, 
qsed two tones having different I.~.D. 's, and found that subject 
r~quires a fractional frequency difference, 6.f/f , of 40% to tell 
which tone, high or low, is in the left or in the right. The agree-
ment between the results means that when two single tones are really 
resolvable in frequency, the I.A.D. of each individual tone is 
perceivable. 
Another important point found by Rowell is that the frequency 
differehce at which two tones ca~ be discriminated in direction, left 
or right, seems not to be dependent on the I.A.D.'s of the tones 
themselves at all. Little explanation has been found for this fact. 
Cherry and Sayers [18,19] considered the human auditory system as a 
cross-correlator and suggested a model for "Binaural Fusion". 
According to them, for a complex stimulus F(t) + G(t) applied to 
both ears of a listener, there may exist four possible gestalten 
described by 
(i) (F +G)L : (F +G)R 
(iv) FL:FR,GL:GR 
(H) F : F L R (Hi) G : G L R 
where the suffices Land R indicate left arid right ears while ": II 
indicates inter aural fusion. The listener may hear (i) the complex 
stimulus as a single virtual source, (F+G) at both left and right 
ears, fused. Alternatively, he may hear (ii) and (Hi), one of 
the single stimuli F or G, in both ears, forming a gestalt, but 
without attending to the other component. It is possible (iv) that 
the listener may hear F L : F R as one fused source and GL : GR 
another. Actually the mathematical model of binaural fusion for the 
as 
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two tone stimulus suggested by Cherry and Sayers mainly explains the 
complex gestait (i) which is most readily formed. However, according 
to that moCiel, if these two tones are not very different in level, 
the frequencies of the tones will become the dominant variables which 
determine the formations of the gestalten (ii) and (iii) while the 
I.A.D.'s of the tones are not important in the process of discrimina-
tion. 
The results given by the above experiments and Rowell's 
results clearly show that two tones presented to a subject simultan-
eously must differ considerably in frequency to be heard as two 
distinctly separate notes ot to be discriminated in direction there 
is any difference in the I.A.D. 1 s of the tones. This frequency 
difference required for the resolution of tones is about 5 times 
larger than the critical band width calculated according to Fletcher's 
measurement of the masking threshold [20]; and about 2.5 times the 
C.B measured by Zwicker [21]. Swets et aI's explanation for the 
difference between the results given for the C.B by assuming that 
different shapes of the C.B had been postulated [22] seemed to lead 
to the suggestion that the nerves along the basilar membrane when 
stimulated by a tone would respond with the amplitudes distributed 
as a bell shape function having its width equal to that of the C.B. 
Therefore when two tones are simultaneously sounded, the nerves along 
the basilar membrane will respond with the amplitudes distributed as 
two bell shaped spikes only if the frequency difference of the two 
tones is larger than, say, 2.35 times the C.B; otherwise beats will 
occur rlJ (Figure 11). However, the above single place theory 
can not explain the existence of the CT 2fl - f2 (f2 > f l ) when the 
fractional frequency difference of the two tones is smaller than 40%. 
Schroeder [23] proposed that the basilar membrane responses to the 
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47 
drivin~ pressure of the sound with a velocity following the cube-root 
law 
I = yJ!3 (2) 
where I = the B.M velocity, U = the driving pressure of the sound, 
and y = constant, 
in order to explain why the amplitude of the cubic difference tone 
is maximum when the amplitudes of the stimuli are equal [24]. 
Obviously, Schroeder's model alone can not interpret all the phenomena 
resulting from the simultaneous sounding of two tones, for example, 
the strong dependence of the amplitude of the CT, 2fl - f2 ' on the 
frequency difference of the stimuli. A combination of the cube-root 
law and the place theory, perhaps, elucidates the phenomena better. 
For example, the cube-root law can be modified to 
I = Y Jl3 ® h.(t) (3) 
where h(t) is a place function and the symbol ® denotes a 
convolution process. So in frequency domain, H(f), the fourier 
transform of h(t), acts as a filter-function. H(f) may have a bell-
snape form with a width of a C.B when the stimulus is a single tone. 
When the stimulus consists of two tones, H(f) will have the combined 
shape as in Figure 11. Consequently R(f) will filter out, or 
suppress all the combination tones and beats when the frequency 
difference of the stimuli is large enough, so that two tones can be 
perceived distinctly separate. 
So far, it "has been seen that the non-linearity of the ear 
results in exceedingly poor frequency resolution. Hence the spatial 
resolution in the binaural sonar system is obviously unsatisfactory 
when both the system and the objects are in perfectly stationary 
conditions. However this rarely happens in realistic conditions. 
48 
The movements of either the sonar syste~ or the objects always 
introduce Doppler shift~ ip the audio-information, which, as shown 
ip the next chapter, constitute the cues to enhance the auditory 
frequency resolution significantly. 
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CHAPTER 3 
ROLE OF DOPPLER EFFECT IN THE BINAURAL 
DISCRIMINATION OF AUDIBLE FREQUENCY PATTERNS 
PRODUCED BY WIDE BAND CTFM SONAR 
3.1 INTRODUCTION 
In Chapter 1, an artificiallY generated multiple object 
auditory space for use either by blind persons or in fish location 
was described. To gather spatial information, a very wide band 
wide beam CTFM sonar witp binaural display was employed. The 
range of an object (i.e. the distance to an object) was to be coded 
in the form of rising pitch with increasing range (frequency 
proportional to distance), and the interaural amplitude difference 
(IAD) would indicate the azimuthal direction of an object. 
The means for producing this form of auditory space was 
built in the form of a senSory aid for the blind, and a fishing 
sonar [I - 5]. Both systems were evaluated during 1970-72. The 
results of the evaluations showed that hUman operators, after being 
trained, could use this auditory display with comparative ease, 
even though the input to the ears was rich in spatial information. 
After 40 - 60 hours of training over a period of four weeks, many 
blind users of the sensory aid were able to travel in a busy 
pedestrian area with grace and confidence not seen in totally blind 
people before [6,7,8]. A few, at least, approached the behaviour 
pattern not unlike that of sighted pedestrians (as recorded on 
film) . An untrained fishing-sonar operator could easily steer 
the boat over the top of the shoal of fish so as to obtain confirm-
atory evidence on an echo sounder [5]. When two shoals were located 
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at the same time in different directions and at different 
distances, it was reported that the choice could be made to steer 
over either the larger or the near shoal. 
These reports suggest that human operators have learned to 
use the sound patterns, which flow left or right as objects are 
passed, rather than the simple range indicating tones of cOhstant 
frequencies as described for a static situation, since the capabil-
ity of resolution of two pure tones, as shown in chapter 2, is very 
poor. This chapter investigates the Doppler effect in a CTFM 
sonar, then discusses the capability of discriminating the sound 
patterns produced by the system under various moving conditions of 
human operator and objects. 
3.2 THE DOPPLER EFFECT IN WIDE BAND CTFM SONAR 
The basic parameters of the auditory display of spatial 
information described in Chapter 1 are only for the stationary 
conditions - the range of an object in the system field of view, 
of say 600 , is proportional to the frequency of the audible sound 
of the device, (typically the sensory aid for the blind has a range 
code of 941 Hz/m , and the fishing sonar has four different range 
codes of 53.33, 26.67, 13.33, and' 6.67 Hz/m for four different 
maximum operating ranges), and the direction of an object is 
indicated by the binaural difference in the loudness of the sounds 
fed to each ear (typical lAD is from 0.4 to 0.5 dB per degree in 
the sensory aid, and about 1.5 dB/degree in the fishing sonar [5]. 
Both systems operate with a frequency band of approximately 40 kHz 
to 80 kHz. 
Under dynamic conditions, the range of an object is no longer 
simply proportional to the frequency of the displayed sound as 
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described above. Relative motion between target and sonar system 
affects the frequency of the sonic wave, changing the frequency f 
to 
2i' 
f (1 - c), where r denotes the range rate a~d c is the 
sound velocity. (This effect is called Doppler effect, and the 
frequency change 2i f 
c 
is called the Doppler shift), Consequently 
in a wide band CTFM signal, when the frequency is modulated, say, 
from 40 kaz to 80 kHz, the higher frequencies undergo larger 
boppler shifts than the lower frequencies, and this results in a 
chan.ge of the sweep s'lope of the received frequency. The effect 
of this change of the sweep slope of the received frequency on the 
frequency of the displayed sound (the rahge coding frequency) is 
going to be studied for various dynamic situations in this section. 
3.2.1 Constant Velocity Situation 
If the relative velocity between ah object and the sonar 
system is assumed to be constant (v), the range of the object is 
given by 
ret) = reo) - vt 
where reo) is the initial range at t = 0 , and a radial 
a 
approach velocity is assumed. 
The transmitted signal is cyclic and of the form: 
where, as defined in Chapter 1, 
m 2 
- - t )] 2 s 
f2 upper limit frequency 
m = sweep slope 
T = repetition period 
s 
(1) 
(2) 
t = t + 
n 
at any instant, where t 
n 
is the beginning 
of the n-th cycle of the modulating function, and 
varies between zero and T 
s 
t 
s 
A ~ constant amplitude of the transmitted signal. 
~he ~nstantaneous transmitted frequency is 
o < t < T 
s - s 
(3 ) 
The received signal is then a Doppler shifted "replica" of the 
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transmitted signal 'r(t) seconds ago, whl.ch was reflected from 
the target at distance 
r (t ) = r 
'r(t) 
since = 2 
ret ), where r, 
r(t) + VT (t) 
2 
ret ) 
r 
c 
Solving equations (4) and (5), we have 
t 
r 
T (t) ::::: 2r(t) 
c - V 
2(r(0) - vt) 
c - v 
The received signal is 
= t _ 'r(t) 
2 
where a(r) is the attenuation due to range r. 
(4, 
(5) 
(6 ) 
(7) 
The instantaneous phase angle of the received signal is then 
m 2 e (t) ::::: 2Tf [ (f
2 
(t - T (t) - - (t - 'r (t» ] 
R s 2 s 
(8) 
The received frequency is given by 
f (t) ::::: ~ d G(t) 
R 2Tf dt 
f 2 -f2 'r(t) - mel - 'r(t»(ts -T(t» (9) 
and the range coding frequency is the difference between fRet) 
and (t). 
fa (t) ::::: m'r (t) (1 - T (t) ) - 'r (t) (f2 - m t s ) (10) 
While the fishing sonar is being operated, the operator 
steering the boat does not travel at a velocity higher than 3 mls 
(about six knots), hence the 'fractional velocity '2v is smaller 
c 
than -3 4 x 10 ., where c = 1500 m/s is the sound velocity in water. 
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~ blind user o~ the sensory aid may walk at a speed, at most, 5km 
per hour. A sound velocity .in air is approximately 340 mis, hence 
2\1' 
< 8.5 x 10-3 • Therefore when substituting 
c 
equation (iO), it is reasonable to assume that 
and 
Thi$ results 
f (t) 
a 
or f (t) 
a 
+ 2v I T (t)! ~ - « 1 
c 
in 
~ 
~ 
T (t) ::: 2r (tL 
c 
2m (r (0) - ct) + 2v 
c c 
~m r (t) 2v + - f (t) c . c T 
(f2 - mt ) s 
equation (6) 
2m ret) 
c 
is the static range coding frequency, and 2v f (t) 
c T 
represents the Doppler shift. Figure 1 illustrates how the 
in 
(11) 
(12) 
(13) 
(14) 
Doppler shift affects the range coding frequency. To appreciate 
the significance of this, an example is shown plotted in Figure 2. 
mT 
There is an avetage shift of 2v (f - __ s) in the range coding 
c 2 2 
frequency, f (t), about which f (t) varies in a saw tooth cyclic 
a a 
manner. This pattern is due both to the Doppler shift of frequency 
in the medium and the wide variation in transmitted frequency. 
3.2.2 Varying Velocity Situation 
A simple constant velocity situation is rare under 
conditions of human locomotion - the human body is capable of 
considerable acceleration, and varying velocity could be consider-
ed to be more a normal condition generated by man's peripatetic 
movement. Even for the less complicated case of the fishing 
sonar, when the boat moves at a constant speed, other movements 
like the lateral shift of the boat, the unpredictable migration of 
a fish shoal, and the variation of direction of the boat in the 
tracking task always vary the relative range rate of the target 
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with respect to the sonar system. For example the herring may 
migrate at a speed of up to 75 ornls [9]; the sockeye salmon migrate 
at about from 20 cmls to 53 cnl/s [10,11]. While tracking a shoal, 
the boat does not travel faster than 3 mls (six knots), hence a 
variation in the relative range rate of about 30% is very likely. 
To describe the audibie sound pattern produced by the CTFM 
sonar in a varying veiocity situation, the general expression of 
the delay time T(t) must be used: 
T (t) 
--= 
2 
ret ) 
r 
c 
where t is the instant when the signal transmitted T(t) 
r 
seconds ago hits the target. 
or 
t 
r 
= t _ T (t) 
2 
T(t) 1 
- r (t -
c 
--= 
2 2 
(15) 
(16) 
(17) 
the right hand side of equation (17) is a function of an unknown 
funotion, T(t), so it can not be solved directly. However if the 
range rate ret) is much smaller than the sound velocity c, as 
discussed in section 3.2.1, then the approximation 
T (t) 
:::l ret) 
2 c (18) 
meets an .error of only 
_ ret _ ret) r (t) 
M(t) 1 2 
::::: 
T (t) c T (t) (19) 
2 
M (t) 
"" 
ret) < 0.5% T (t) c (20) 
The approximation in equation (18) is reasonable, so: 
T(t) 2r(t) :::l 
c 
(21) 
substituting these equations into equation (10), the range 
coding frequency will have the form: 
f (t) ~ 
a 
2m r(t) 
c c 
60 
r (t) (22) 
For the special case of constant acceleration, a towards the 
observer, the range coding frequepcy is 
f (t) ~ 
a 
2m a 2 2 (r (0) - v t - -t ) + - (f - mt ) (v + at) 
co2 c 2 so 
where v is the initial velocity. 
a 
(23) 
From the plot of Figure 3 it will be seen that the acceler-
ation produces a non-linear change of audio frequency during the 
period tn < t < tn+l • 
A typical audible frequency pattern perceived by a blind aid 
user when approaching and stopping in front of an object is shown 
in Figure 4. 
It will be evident that under real life conditions, for 
example, mobility by the blind in a busy pedestrian area where 
people are moving with varying ac£~leFati2~' and where the relative 
velocity between user and fixed objects will also vary, the audio 
signals from the sensory system will change in an indescribably 
complex way - each signal having its own unique character. 
In the case of th€!fishing sOnar the effect of the ship's 
acceleration is usually trivial, but Doppler shift produced by large 
fish may not be. Two kinds of motion - (i) translational motion 
of the entire shoal, and (ii) oscillatory motion of individual fish 
within the shoal, were mentioned by Smith [5]. The translational 
velocity of the entire sHoal is frequently smaller than 75 cmls [9, 
10,11] (the corresponding frequency shift is less than 60 Hz). 
The variation of relative velocity between sonar user and the shoal 
due to this motion may be recognizable but its effect is still not 
very significant in comparison to that due to oscillatory motion 
of individual fish within the shoal. Indeed, Bainbridge's results 
[12] showed that average fish (length 75 cm) like Salmon may reach 
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a speed of 6 mis, ~nd even some small fish (length 25 em) can swim 
at 4 mls though for only a short period of time. This oscillatory 
motion of the fish i~ the shoa~ can create the frequency shifts 
up to 480 HZ in the echoes if 60 kHz signals are transmit:ted. 
using 70 kHz transmitted signal, Hester [13 J observed the f:requency 
shifts of about 200 Hz in the echoes returned from individual fish. 
Since these frequency shifts in the echoes are preserved in the 
:range coding frequency of the CTFM sonar, after the echoes are 
demodulated j consequently an oscillatory frequency modulated sound 
patt,ern is produced. In addition to this effect amplitude 
ll1odulations in the sound pattern (due to the changes in scattering 
crOS$ section of fish while they are swimming) are also possibly 
heard. 
Fish of different sizes or different kind have different 
types of motions. Hence the sound patterns they produce must be 
different. Fishermen frequently know the kinds of fish possibly 
found in the waters they are fishing. Also they are interested 
only in some specific fish which form shoals, hence they will be 
able to learn to recognize different species from the difference 
in character of the echo sounds these species produce [5J. 
3.3 BINAURAL SOUND PATTERNS 
The discussion has thus far been about the range indication. 
Under realistic conditions, the relative direction of the object is 
always changing during the locomotion of the sensory system user. 
Hence the audible frequency pattern will flow left or right in 
accord with the changing spatial positions of the reflecting object 
relative to the user. The direction code of the binaural sensory 
system is designed to follow the relationship of 
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I 
e = k +og (-.B.) 
e IL 
(24) 
as far as this is physically possible, 
where 8 
e 
Is the estimated direction as perceived by the user, 
k is the auditory localizing coefficient of the user, 
I R, IL are the sound intensities of the right and left 
ears respectively. 
Subjects vary their sensitivity to interaural amplitude difference, 
.and by a suitable choice of k, the direction code can be matched 
to the user so that 8 
e 
8 the actual direction. The I.A,D. 
code is obtained in practice by using a specially designed 
transmitter - receiver transducer arrangement [14]. The ideal 
overall transducer response is shown by Rowell [15] to be 
i 2 
A. (8) «8 + (-1) a) 
1 = C exp - 4 ak (25 ) 
where a is the splay angle of the receiver transducers, C a 
constant, the index, i = 1,2, denotes the right and left responses 
respectively (Fig. 5). 
The following are some typical situations frequently 
encountered in realistic conditions. 
3.3.1 Object Passed in One Side 
This is the most typical situation such as when a blind aid 
user walks along the footpath and hears a lamp-post passed on his 
left or right side. Figure 6 shows that if the blind aid user 
-+ 
walks at a constant velocity V , the relative range between him 
and an object will vary at a decelerated rate, r(t), determined by 
r(t) = -v cos 8 (t) (26 ) 
since 2 2 + d 2 r (t) = x (t) (27) 
and 8 (t) -1 x (t) = cos 
r(t) (28) 
a) 
b) 
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-(.J 
~ OBJECT AID I USER I ~ :d 
~ : 
BLIND 
Footpath 
- Fig. 6. Object is passed on the left side of the blind aid user. 
where d is the distance of the object from the footpath, 
x(t) x(o) - vt is the abscissa of the object, v = 
and 9(t) is the azimuthal direction of the object. 
Substituting equations (26), (27) in equation (22), the binaural 
sound pattern-can be described by 
f (t) = ~ r (t) + 2 v cos 9 (t) fT,(t) 
a c· c 
(29) 
and LA.D. (t) = K 9 (t) (30) 
where K is a constant. 
Figure 7 illustrates the difference in character of the 
sound patterns given by a central object and a side-edged object. 
The effect of deceleration is shown in the sound pattern of the 
latter. 
3.3.2 The Effect of Head Rotation on the Sound Patterns 
Observation of the performance of the sensory aid user 
approaching and walking between two rows of poles (recorded on film) 
reveals that the blind user frequently rotates his head to find the 
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correct path. This. kind of movement as mentioned by ~owell [15] 
po'ssib+y affects the resolution capability of the user. An 
investigation of the effect of head rotation on the sound pattern 
is given in this sub-section. 
When the sensory aid user rotates his head, the sonar, as 
illustrated in Figure 8, moves laterally as well as rotates. There-
fore both range and direction of object relative to the sonar vary. 
The instantaneous range and azimuthal direction, ret) and a(t), 
of an object can be determined as follows. 
Let :l::b and ab be the initial range and azimuth of the 
object when the sensory system is at the position a. 
positive if the object is at the right hand of the median of the 
sonic beam. At the time t b , the head starts to rotate, the 
instantaneous rotation angle is denoted by a(t) which is positive 
when the head rotates to the left hand. a is the distance from 
the rotation centre, 0 , of the head to the sonar. 
when the SOnar is at the position P, we have 
a (t) ~ ab + aCt) 
and r (t) ~ rb + IBPI sin (ab + 
a (t) ) 
2 
Provided that rb » a 
Since IBPI = 2a sin 
edt) 
2 
ret) ~ rb + 2a sin' a (t) . (ab + a (t) ) -- Sl.n 2 2 
or r (t) ~ rb + a [cos ab - cos (ab + a(t»] 
The range rate is 
r (t) ~ a eX (t) s in ( a b + Ci. ( t) ) 
where aCt) is the rate of rotation. 
From Figure 8, 
(31) 
(32) 
(33) 
(34) 
(35) 
Let (tb ' te' be the interval of time during which the blind 
\ 
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nose 
due to head rotation. 6(t} is positive if target is 
in the right of the beam axis. 
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user scans his heag an angle of a. 
max 
from the forward looking 
positiqn 1:3. aCt) can be approximated by 
&. (t) C;! ( 36) 
The aUdible frequency pattern is obtained by substitution of 
equations (34) and (35) in equation (22). 
f OCt) 2m t < t = -r C\ 9 b 
(t) 
P 
2m r(t) f (t) = - a a.(t) sin (eb + a. (t» tb~ t~ te a c c 
f (t) = 2m r(t ) t > t 
a c e e 
(37) 
Figure 9a~ b , c, d shoVlS the audible frequency patterns 
produced by the sensory aid when the user rotates his head an angle 
of 200 within 0.2 secs. The radius a is given to be 13 cm in 
this example (measured and averaged over several subjects). The 
initial azimuth of the object is given on each plot. The Doppler 
effect creates a negative frequency pulse when blind aid user turns 
away from the object, and a positive frequency pulse when he turns 
towards it. 
In the above example, the rate of rotation is assumed to be 
constant. If acceleration at the beginning and decleration at the 
ending of the head rotation are taken into account, the frequency-
pulses are less sharp than those in Figure 9. 
Figure 10 illustrates the possibility of discriminating two 
different sound patterns given by two objects different in direct-
ion but close in range, by rotating the head. 
In Figure 10, the sound patterns are described by their 
time varying frequencies and I.A.D. IS. In fact, the capability 
of discrimination may also be affected by the variation in loudness 
- 8 
..,.16 
-24 
-24 
a 
f (t) (Hz) 
a 
Static range I 
indica t ion / 
/ 
,/ 
b 
f (t) (Hz) 
a 
Static range 
indication /, 
/ 
0.2 secs 
f (t ) 
a ·e 
e = 100 b 
o 0 
e(t) varies from 10 to 30 
f (t) due to head rotation 
a 
t 
e 
• 
t 
e 
f (t ) 
a e 
e = 00 b 
TIM}!: 
e(t) varies from 00 to 200 
f (t) due to head rotation 
a 
TIME 
71 
- 8 
-16 
f (t) . (HZ) 
a 
'" 
Static range 
indication 
0.2 
O___ 
c 
f (t) 
a 
/ 
sees 
72 
e = b 
_100 
e (t) varies from _100 to +100 
due to head rotation 
f (t ) 
a e 
". 
TIME 
.. 
t 
f (t) (Hz) 
+32 
+24 
+16 
+ 8 
- 8 
Fig. 9. 
a 0.2 secs 
• ...-. II> 
d 
o 0 
varies from -20 to a 
f (t) due to head rotation 
static 
....... 
range indication 
a 
t 
e 
f (t) 
a e 
TIME 
.. 
The effect of head rotation on the range coding 
frequency. (On the axis of ordinated, fa (tb ) is the 
reference, so +8 means faCt) = fa(tb ) + 8Hz.) 
M 
r--
(t
b
) 
t 
f (t) f f 2 (t ) 
a I a e 
(t ) : I 
b : I 
/' \ 
,"', 1\; ~ /I~ , I '... I '../ J /' 
'/ If kt) I al c ~ I I I I 
I , I i 
I 
I I I J 
I LA.Db (t 
/ LA.D. 
T_A •. D l(tI) / 
I 2 l le / 
1- - - -I-) / / 
( " / 
/,tb 
RIGHT 
(f
a2 (t), I.A.D2 (t» 
(f
al (t), I.A.D1 (t» 
LEFT 
TIME 
Fig. 10. The effect of head rotation on the binaural sound patterns of two objects initially close 
in range but different in azi~uthal angle (head rotates to the right_in this figure). 
74 
of the sound patterns. The transmitter beam is frequently of a 
o bell-shape which drops 3dB at, say, ±30 , and decreases much faster 
at larger azimuthal angle. Hence the head rotation of the sensory 
aid user may reduce the loudness of a time varying tone significantly, 
say, 10dB, if its corresponding object is moved to an azimuthal angle 
o larger than 30 • In Cha.pter 2, it was shown that when two pure 
tones are simultaneously presenteq, the capability of resolution can 
be increased by reducing the loudhess of the low frequency component. 
Conversely, if the low·frequency component is of a higher level, the 
high tone will be masked significantly [16). Consequently when the 
sensory aid user turns towards the far object, the possibility that 
he hears two tones increases, but when he turns towards the near 
object, the high tone given by the far object may be entirely masked. 
In the case of the fishing sonar, the lateral shift of either 
the boat or the objects may create similar sound patterns. 
3.4 DISCUSSION 
It is experienced that under stationary conditions when two 
signals of nearly the same frequency are being received, one from 
object (a) and the other from object (b) separated by an angle 68 , 
the sensory aid user is unable to discriminate the Land R stimulus 
from object (a), and the Land R stimulus from object (b). Only 
when the Land R. responses from object (a) fuse to indicate an 
object in direction e , and the L 
a 
and R responses from object 
(b) fuse to indicate an object in direction 8b , is it possible to 
expect discrimination in direction. It is also well known that two 
tones presented to a subject simultaneously must differ considerably 
in frequency to be heard as two distinctly separate notes (Chapter 2). 
It would seem therefore that spatial resolution in the binaural 
system would be exceedingly poor. 
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It has been shown however that locomotion, when wearing the 
sensory aid, produces rapidly varying auditory signals - not tones. 
Only rarely are we interested in the system resolution when standing 
perfectly still. The same applies to the fishing sonar - if less 
so. Experience with blind people using the sensory aid in real life 
situations suggests that much greater resolution is being enjoyeq. 
What the blind people hear are the time varying "tones" producing 
flow patterns of sound related to the changing spatial positions of 
the reflecting objects relative to the user. Figures 7 and 10 
illustrate the discrimination of sound patterns given by two Objects 
close in range but different in direction. The former is achieved 
during normal locomotion while the latter is obtained by the head 
rotation. 
The flow patterns obtained when, for example, Objects are being 
approached and passed on the left or right are not unlike the flow 
patterns experienced by a driver of an automobile passing street 
lights in thick fog. In the case of either the sensory aid user or 
the driver in thick fog, the stimulus is a continuous family of 
transformations which is unique to the particular path of locomotion. 
The forms of continuous transformation are quite specific, and an 
experienced subject can probably discriminate among them. 
discusses such flow patterns in vision during locomotion. 
Gibson [17] 
Hunt [18] 
demonstrated that a fixed pattern of black and white, such as block 
printing, can be recognized visually through a moving overlay which 
consists of a random pattern of opacity and transparency, even when 
the moving pattern is dense enough to mask the signal pattern completely 
when the overlay is not in motion. He suggested that a similar effect 
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may occur in audition that a time invariant pattern of frequency 
response cah pe discriminated in the presence of a variable pattern 
of frequency response when the listening exposure is of sufficient 
duration. This suggestion may apply to a more general situation 
where several time varying sound patterns, each having unique character 
in both binaural difference and pitch quality, are simultaneously 
presented and possibly discriminated by an. experienced subject. 
Thus, even though the form of the time-varying "sound patterns" 
prodUced by the sensorysystern may be mathematically very complicated 
for realistic mobility situations when several objects are in the 
field of view at once, each pattern must be distinctly perceived as 
haying a very simple cognitive form related to the changing spatial 
coordipates. 
To describe quantitatively the resolution capability of the 
sensory system as a whole, a series of controlled experimental tests 
have been conducted simulating dynamic conditions. 
reported in the next chapter. 
These are 
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CHAPTER 4 
A D;EFINITION OF FREQUENCY RESOLUTION 
USING NEW AUDITORY SENSATIONS 
4.1 INTRODUCTION 
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In the previously published paper ~y Kay and Do [1], and also 
in Chapter 3, it was shown that auditory signals produced by a CTFM 
wide beam, very wide-band sonar vary in a manner which is uniquely 
related to spatial change. It was suggested that the patterns of 
change which are produced by relative movement could be the reason why 
blind users of this sen~ory system are able to discriminate the complex 
signals from mUltiple objects ina real environment. This was deduced 
from the observed ability of blind people to negotiate complex real 
environments and be more effectively mobile [2]. No supporting 
measures of a quantitative nature were obtained during the extensive 
evaluation [31 because of the difficulty in collecting meaningful data 
on what subjects were using as spatial cues under dynamic .conditions. 
It is, of course, possible to measure performance in a simple well 
controlled situation [4] but once an individual is allowed free 
movement and personal control of his motion in his normal habitat, 
the variables become impossible to handle. 
Laboratory experiments prior to the evaluation, which were 
designed using system simulation to determine the ability of subjects 
to resolve objects in space by auditory means, used only static 
situations to facilitate controlled measurements [5]. The results of 
these experiments showed subjects had poor resolution capability (see 
Chapter 2) ana failed to explain subjective impressions of resolution 
capability whilst in motion when using the sensory system. Rowell [5] 
80 
did, however, show that the simUlated direction cue of interaural 
amplitude difference could be matched to individuals more effectively 
when rotational .head movement was permitted to vary the cue. 
Subjects,could estimate direction more accurately when relatively 
angular motion took place. It is pointed out in Chapter 3, the 
possibility of discriminating the sound patterns from two objects 
close in range but adequately separated in direction. 
In the case of the fishing sonar designed by Smith [6] the 
ability of an operator to discrimihate between two shoals of fish 
appearing simultaneously in the field of view remained unexplained. 
He+e the operator is presented with reverberation from all ranges 
simultaneously, the "cluster" of tones - one from each fish - in shoal 
(a) in the mean direction 8 and the "cluster" of tones from shoal 
, a 
(b) in the mean direction 8b • He was able to say which shoal was 
the larger and which was the nearer of the two. Experiments to 
determine auditory resolution under these conditions will require the 
generation of many tones having slightly differing spatial character-
istics which include the random spatial motion of fish within the 
shoal. True production of such a set of sophisticated conditions 
has not been fully given yet but many approaches which have recently 
been attempted will be presented in the later chapters. 
This chapter describes some experiments using simulation 
techniques as a first attempt to determine the apparent influence of 
spatial change on resolution in an artificially generated auditory 
space. Two simple objects are simulated and the relationship to the 
sensory aid for the blind and the fishing sonar are discussed. A new 
auditory sensation is found and employed in defining the auditory 
frequency resolution highly performed by subjects in comparison with 
their performances in static cases, It will be shown that the Doppler 
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effect, involved in doubling the rate of change of the audio 
frequency, plays a' significant part in this j~provement. An increase 
in relative velocity of an object may also enhance the resolution 
capability quantitatively as well as qualitatively to an extent that 
signals may be resolved cognitively before the subject's reaction can 
take place. Most of the parts of this chapter have been pUblished 
elsewhere [7]. 
4.2 RESOLVING TWO CHANGING TONES BY USING NEW AUDITORY SENSATIONS 
Consider now the simulation of two adjacent objects, 1 and 2, 
in auditory space described by two pairs of varia~les, (r l (t), a l (t» 
and (r2 (t), 82 (t», where r(t) and a(t) are the instantaneous 
object range and azimuth angle respectively. Motion of an object 
with respect to the sonar system (Binaural Sensory Aid or Fish Sonar) 
changes the frequency of the transmitted wave as it is reflected by a 
factor of approximately (1 - 2r(t» where ret) is the relative 
c 
velocity of the object and c is the velocity of propagation of the 
sound wave. Then for a broad band transmission signal higher 
frequenci~s must undergo larger Doppler shifts than the low frequencies 
of the transmission band. The range coding of the sonar system for 
an object of range r(t) is given by 
f (t) ~ 2mr(t) - 2 f (t) r(t) 
acT c (1) 
where ret) is the time derivative of r(t) 
(See Chapter 3, and Kay and Do [1]) 
The interaural amplitude difference IAD(t) is also a function of 
time under conditions of motion and is proportional to O(t). Thus when 
these spatial codes are used as aUditory_stimuli the resolution 
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capability must be a function of four variables [far(t), IAD1 (t), 
. 
f
a2 (t), IAD2 (t)]. Clearly any function of four dynamic variables 
is too complicated to be studied and described by subjects at this 
stage. Hence in the experiment to be described f
a2 , IAD2 and !AD1 
are he~d constant, only fa1 is varied as in equation 1. The 
experimental procedure was based entirely upon the "psychological 
phenomenon" described below. 
The Psycho1ogicai Meanin<; of Auditory Resolution Under Conditions of 
Change 
One of the difficulties in psychophysical experiments is to 
determIne a suitable method of verifying the psychological jUdgements 
of subjects to ensure that they respond to the psychophysical phenomena 
to be studied. It was known [5] that presenting simultaneously two 
tones assigned values £~1 and fa2 each with its own value of lAD 
produces a result of frequency resolution similar to that obtained in 
the experiment described in Chapter 2, which uses two special tests 
to ensure that (i) subject perceives only two tones, and (ii) the 
perceived tones are the stimuli. The assignment of a value of lAD 
by Rowell [5] did not affect the capability of resolution in range 
under static conditions as compared with zero lAD as used in the 
experiment of Chapter 2, but it did more clearly define the psycho-
physical phenomena of frequency resolution, since subjects were required 
to indicate LEFT or RIGHT directions to the second tone. The two 
tones had to- .be perceived separately to do this. 
This same decision was required in the dynamic experiment. It 
was designed to simulate conditions experienced when using the sonars. 
Initially at t = 0 , fa1 (t) = fa2 and the subject hears slow beats 
and feels only one complex image in the auditory space. Its lAD is 
the combination of IAD1 and IAD2 • As t increases fa1 (t) 
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decreases according to equation (1) shown at the beginning of this 
section. The interference between two tones changes in a prtique way 
(becaUse of the signal uniqueness) until a certain instant t = t 1 
the subject feels the image of fa1(t) flow "Left" or "Right" in 
auditory space I according to the assigned values of IADI and IAD2 • 
The attention appears to be captured by the "moving" tone which may 
be thought of as forming a flow pattern in space, At this instant 
the subject is required to respond by pressing a switch to store the 
value of fal (t) • f'al (t) is allowed to continue when the attention 
can be transferred to fa2 which then appears in its appropriate 
auditory spatial position. This is always secondary to the initially 
perceived flow of fal (t), but occUrs almost simultaneously. The 
psychologtcal phenomenon is described in Fig. 1. The judgement of 
subjects cc:n be verified by questioning them on the relative movement 
of the images, The frequency resolution can be defined here as the 
frequency difference between fa2 and fal (t) at which the two tones 
separate and "slide" in auditory space to their respective positions. 
4.3 SIMULATION OF THE PROBLEM 
We are concerned here with simulating a situation which relates 
to'real experience. In the experimental situation described, the 
auditory sensations resemble what would be obtained if one object at 
range (rl , 81) approached the sonar with constant,radial velocity 
V , rl(t) = rl(O) - vt , and a second object were stationary at a range 
r 2 = r l (0) and in the direction 82 , 
of the moving object is given by 
Then the range coding frequency 
2m rl,(O) 
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or £'l(t) = f 1(0) = m (t + t ) 
a a c s 
(3) 
A linea~ voltage controlled oscillator was used to produce this 
~requency functio~ from the voltage function 
(4) 
where a and Val (0) are linearly related to 2v m and fal (0). 
c 
An analogue computer was used to produce the voltage function of 
equation (4) and to control the experiment. 
Figure 2 shows the panel patching of the computer and Figure 
3 shows the arrangement of the equipment for the experiment. 
4.4 EXPERIMENTAL PROCEDURE AND RESULTS 
The subject's task was to listen to the complex sound including 
fal (t) and fa2 as described, and press the switch to store the 
value of fal (t) at the instant the descending tone was perceived to 
slide to the left or the right of the initial complex image. Each 
subject was questioned about the direction of shift of either the low 
tone (f
al (t» or the high tone (fa2 ) • For each value of f a2 , 
, 
the experimenter recorded the value of f~l (t) for different values 
of IADl and IAD2 • 
according to a table. 
4.4.1 . Experiment 1. 
These latter are changed in a random manner 
(The simulation relates to the fish sonar because 
the rates of change encountered are such as to allow a subject to 
respond without introducing serious error due to the delay in response.) 
Suppose that the approach velocity of Object 1 is v = 1.5 ~/s, 
the velocity of sound is taken as 1500 mIs, the repetition period 
T = 3.2 sec, and the sweep slope m = 12.5 k Hz/sec then 
s . 
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Figure 4 describes the variation of fal (t) with respect to time. 
Three subjects Sl' S2' S3 were used in the experiment. Va+ues of 
f (0)-~ 'al - 2 were chosen to be 1000, 2000, and 3000 HZ, while the 
values of lAD were 0, +4, +8, +12 dB for object I and -10, -6, -2, 
+2, +6 and +10 dB were chosen for object 2, 
In this experiment a delay in stopping f~l (t) of sayan 
upper limit of 0,5 sec, due to subject's reaction time, may introduce 
an error of -25 Hz to the recorded value of fa'l (t). However, since 
fal (t) decreases in a saw-tooth manner with a sweep of 160 Hz per 
sweep period T and a reset of 80 Hz, the subject I s delay may occur 
s 
at the end of a sweep period when fa.l (t) is reset 80 Hz to start a 
new sweep. The error may then be 80-25 =' + 55 Hz • To reduce these 
errors fal (t) was recorded 4 times and averaged. The variation of 
fal (t) and ~f = - fal (t) due to delay and reset errors and 
subject variation was greater than the variation between values of lAD 
(see Appendix 1). The dependence of frequency resolution on the lAD 
cannot therefore be determined. It is now assumed to be negligible 
so the value of ~f for each fa2 is found by averaging over all 
values IADI and IAD2 • 
subjects. 
Figure 5 shows the results of the three 
Quite a wide variation between subjects can be expected, but 
"within" subject variation is seen to be small. 
4.4.2 Experiment 2. (Frequency resolution with cyclic variation 
removed) • 
The purpose of this experiment is to determine the influence of 
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the saw-tooth. variation on the +esolution capability of the auditory 
system. Whilst in practise this cannot be eliminated, and it plays 
an important part in sharpening the ambiguity function of the sonar 
system, its influence on the auditory resolution could not be predicted. 
The frequency function for this experiment became 
f'" 'Ct) == ~ ret) = f . CO) -' 2V mt 
a! c al c (6) 
Using the same paramete+s a(3 in experiment 1 
fal (t) = fa! CO) - 25t (7) 
Repeating the experiment with S2' who demonstrated a higher 
resolution capability in experiment 1, the following result was 
obtained. 
TABLE 1 
. F.REQUENCY RESOLUTION WITH CYCLIC VARIATION REMOVED 
6f Increase in 6f 
Hz % 
1000 220 170 
2000 440 170 
3000 630 210 
4.4.3 Experiment 3. (The effect of increasing the approach velocity) • 
Since the cyclic variation, involving doubling the rate of 
change of the audio frequency within each sweep, had a significant 
effect on the resolution capability, a direct increase in the object 
velocity, resulting in a higher rate of change of frequency had to 
have certain effects on the resolution performance of the subject. 
This also increased the possible error due to delay in subject's 
response. In this experiment, the object velocity was doubled to 
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3 mls doubling the slope and the reset value as seen in Fig. 4. The 
following result was obtained again by S2' 
2 
EFFECT OF INCREASING VELOCITY ON FREQUENCY RESOLUTION 
b.f Decrease in b.f 
Hz % 
1000 130 30 
·2000 230 11 
3000 240 16 
Quantitatively the improvement in resolution is not significant except 
at low frequency. Qualitatively however, the sensation of image slide 
is more pronounced and the separation of images is very clear by all 
'·'-whoexperience' the phenomenon~ 
greatly the measured resolution capability obtained in experiment 1. 
Table 3 summarizes all the results given by S2 in the above 
three experiments and compares them with his performance recorded 
previously in the static case (Chapter 2). 
TABLE 3 
COMPARISON OF FREQUENCY RESOLUTION IN FOUR EXPERIMENTS 
fa2 b.f (0) b.f(O) b.f (1) b.f (1) b.f(2) b.f(2) b.f(3) b.f(3) 
Hz Hz f Hz f Hz f Hz f 
1000 400 0.50 180 0.20 220 0.25 130 0.14 
2000 700 0.42 250 0.13 440 0.25 230 0.12 
3000 1100 0.45 300 0.11 630 0.23 240 0.08 
b.f(O} stationary tones, fal and fa2 
b.f (1) saw-tooth frequency decrease fal (t) 
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flf(2) Linear fre<;tuency decrease fal (t) 
flf(3) Saw-tooth fre~uency decrease fa1 (t) at double rate. 
4.5 ANATTE~PT TO IMPROVE FREQUENCY RESOLUTION BY USING AMPLlTUDE-
FREQUENCY WEIGHTING FUNCTION 
. During the above experiments, subjects frequently reported that 
the low-tone, fal (t) , was heard louder when two tones were separated. 
This phenomenon could not be explained by the difference in loudness 
sensitivity of two equal intensity tones since measurements done by 
several experimenters haq agreed that within the range of frequency 
below 3000 Hz I the high tone is tnore sensitive than the low tone [8,9, 
10] • Perha~s the best ex~lanation is the experimental results given 
by Wegel and Lane [11], and Fletcher [12,13] that a pure tone can mask 
another tone of higher frequency more easily than it can do with a 
lower tone. Their results also show that if two pure tones are 
simultaneously sounded, and the high tone is of a frequency and an 
intensity respectively equal to 1200 Hz and 80 dB I then a frequency 
difference of over 600 Hz is required so that both the above high tone 
and the 80 dB low-tone can be perceived without any interference-tone. 
But if the inten$ity of the low tone is reduced to 45 dB, a frequency-
difference of less than 100 Hz is required for the suppression of all 
the interference-tones. It was this result which has aroused the 
idea of attempting to use an amplitude-frequency weighting function to. 
improve frequency resolution. 
Ex~eriment 4 (Using amplitude-frequency weighting function) 
This experiment is basically similar to the experiment 1. The 
only alteration is to feed the output of the V.C.I in Figure 3 to an 
amplitude-frequency weighting to reduce the intensity of the fal (t) 
1 
o 
Weighting function 
(dB). 
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tone as its frequency is descending before it is fed to the blanking-
circuit. 
obviously, it is not practical to use a weighting function which 
reduces the sound intensity as much as, say, 30 aB for each 100Hz 
decrease in frequency, since the extent in intensity to which a subject 
can comfortably listen to should be rieither less than 50 dB at 100 Hz , 
nor more than 90 dB at 3000 Hz • The best form of the weighting function 
could not be predicted so it was decided to carry out the experiment 
w~th ~arious constant slope (db/octave} shaping fUnctiQns to find out 
the best possible slope assigned for each frequency. 
Thr~e weighting functions having the constant slopes of 4, 6, 
and 8 dB/oct over a range of 5 octaves from 100 Hz to 3200 Hz used in 
the experiment (Fig. 6) were generated from the Pigital Controlled 
Function Generator,. (DCFG). The voltage function v (t) 
a 
which was 
used to control the frequenoy fal (t) was also used to control the 
gain of the output of the V.C,o. The set-up is shown in Fig. 7. 
since at the time this experiment was carried out, none of the 
subjeots of the previous experiment were available, two other subjects, 
S4 and s5 ' were chosen. However, in order that the comparison between 
subjects' performances when with and without weighting-functions became 
possible, S4 and S5 were also seated for.the tests similar to that 
of Experiment 1. Defining the following symbols for the frequency 
resolutions in four different cases: 
6f(1) : without weighting function (similar to that of experiment 
1) 
6f(4) .with weighting function of 4 dB/oct slope 
6f(6) with weighting function of 6 dB/oct slope 
6f(8) with weighting funotion of· 8 dB/oct· ·slope 
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Tables 4 and 5 show the results obtained by subjects 84 and 85 
respectively, 
TABLE 4 FREQUENCY RESOLUTION PERFORMANCE OF 84 
fa2 M(l) I::.f(4) I::.f (6) I::.f(8) 
Hz Hz Hz Hz Hz 
1000 145 140 1.65 150 
2000 405 300 380 445 
3000 415 320 390 455 
TABLE 5 FREQUENCY RESOLUTION PERFORMANCE OF S 
.. 5 
f a2 I::.f (1) I::.f (4) I::.f (6) I1f(8) 
Hz Hz Hz Hz Hz 
1000 215 205 185 170 
2000 470 440 360 335 
3000 585 545 560 580 
These resu1 ts were averaged over different lAD IS, where f a1 (t) 
was recorded four times for each combination of f lAD and 
a2' 1 IAD2 , 
The standard deviation of I::.f is approximately equal to 20 Hz, 55 Hz , 
and 60 Hz when fa2 is equal to 1000, 2000, and 3000 Hz respectively. 
Table 4 shows that subject S4 has the best resolution with a 
weighting function of constant slope of 4 dB/oct, He also reported 
that the high tone was louder when the other two weighting functions 
were used. For subject S5' the 8 dB/oct curve gave the best improve-
ment at the f:r:equencies 1000 and 2000 Hz. His performance at the 
frequency of 3000 Hz was not improved very much by any of the weighting 
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functions used. Perhaps a curve having slope of 8 dB/oct &t 1000 liz 
and 2C)oO Hz, and slope of 4 dB/oct at 3000 Hz ma¥ give the best 
performance from this subject. 
4.6 DISCUSSION 
In 1940 t Fletcher [).41 introduced the con'cept of the Critical 
Band (C.B) to determine the amount of noise which effectively masks a 
pure tone. Since that time, many experimenters ha,ve h,ad the tendency 
to comp&re this critical bandwidth with-the capability of the ear in 
analysing the frequency components of a multiple tone stimulus [15,16]. 
It was thought that both phenomen&, the masking of tone by noise and 
the resolution of tones, could be explained by the same hypothesis of 
critical bands. However the fact that the ear can easily detect a 
frequency change of 20 times smaller than the value of the critical 
band width [17,18], can track a fast time varying tone (as experienced 
by the sensory aid users), and can resolve the frequency ,components 
better in d¥namic situations (Table 3) obviously shows that the critical 
band theory c&n not explain the capability of resolution of the ear. 
During the discussion in chapter 2, it was postulated that it is 
the combination tones produced by the nonlinearity of the ,inner ear 
when two tones are simultaneously sounded, which interfere in the 
£requency analysation, and worsen the resolution capability. The 
results of the experiments 1, 2, and 3 obtained in dynamic conditions 
can be explained with the following modified postulation: The inner 
ear can perform a real time frequency analysis of the stimuli but 
sustain a degree of distortion due to its nonlinearity. The distortion 
products are the combination tones discussed in Chapter 2. The 
assumption of a real time frequency analyser mechanism for the inner 
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ear explains why a time varying tone can be tracked. This agrees with 
Bekesy's obse~vation that a travelling wave on the basilar membrane 
takes only 5 milliseconds to pass from the window to the apex of the 
cochlea [19]. These are the resonant places of the highest and lowest 
audible frequencies respectively (noting that a blind aid user approach-
ing an object at about 5 km/hr hears a cyclic variation tone sweeping 
at a rate of 2.6 kHz/sec only). 
The first step in explaining the results obtained in the 
experiments 1, 2, and 3 is to compare the most prominent subjective 
components heard when a subject is presented with two tones fal (t) and 
f· simultaneously in the first two experiments (see Table 4). 
a2 
TABLE 6 - THE MOST ~ROMINENT SUBJECTIVE COMPONENTS HEARD BY 
THE SUBJECT IN EXPERIMENTS 1 AND 2 
High tone, f
a
.2 
Low tone, fal (t) 
Cubic Difference 
Tone, 2fal (t) - f a2 
EXPERIMENT 1 
fa 1 (0) 
feU (0) - Kt - Kts 
fal (0) - 2Kt - 2Kts 
EXPERIMENT 2 
fal (0) 
fal (0) - Kt 
fal (0) - 2Kt 
where K 2v -m 
c 
o < t < T (the repetition period) 
s s 
It is obvious that as t increases, and t 
s 
varies from 0 
T then resets periodically, the saw tooth cyclic variat.ion of 
s 
fal (t) in experiment 1 always gives extra instantaneous separations 
between the sUbjective components which are not obtainable with the 
linear variation mode of fal (t) in experiment 2. Hence·the ear can 
to 
resolve the two components, fal (t) and fa2 ' in experiment 1 before it 
can do so in experiment 2. The same argument applies to the other 
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combination tones, (n+l}f
al - nfa2 ' and to experiment 3 where the 
rate of change of fa1 (t) is doUbled. 
The remaining question is why the resolution performance in 
experi~ent 2 (linear variaticn) is better than that in static conditions. 
A,Pparently, at the t when the descending tone fal (t) is separated 
from the high tone fa'2 an interval equal to the frequency difference 
of a pair of stationary tones, the combination tones generated in the 
case of linear variation and in stationary conditions must be 
correspondingly placed at the same locations. Hence subject must use 
other additional cues to enhance his resolution capability in the 
dynamic case. 
It has been seen in Table 6 that while the high tone is stationary, 
the cubic difference tone descends at a rate of change in frequency equal 
to twice that of the low fundamental tone f al (t). This can be 
generalized that as the stimuli have different rates of change in 
frequency, all the subjective components will vary at the rates of 
change in frequency which are entirely different from each other. 
Hence it is possible that at high level perception, the collicular 
neurones respond to these subjective components differently, so the 
interference of the combination tones in the perception of the louder 
fundamentals is less significant than that in the static experiment 
when both the fundamentals and the combination tones are of the same 
characteristics: "STATIONARY" • 
Little knowledge about this performance of human beings was 
found in literature. Suri3a [19,20,21] studied the responses of 
co1licu1ar neurones of bats to frequency modulated (FM) and complex 
sounds, classified them in five main types: symmetrical, asymmetrical, 
FM-insentitive, PM-sensitive, and upper threshold units~ and suggested 
the following principles believed to apply to all kinds of mammals and 
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human beings but of course with different time scales! 
(1) When res~onding to complex sound, ~in~le neurones are 
most concerned with the components having frequ~ncies identical to 
their BEST FREQUENCIES" except for FM-sensitive units. 
(2) A symmetrical unit res:ronds to any frequency modulation 
of the best frequency component, and the response is scarcely inhibited 
by other components of the complex sound. 
(3) In an asymmetrical unit, the extent of frequency 
modul~tion of the best frequency which can excite the neurone is 
limited by the inhibitory areas on one or both sides of an excitatory 
area. 
(4) The limitation is stronger for frequency modulation 
occurring towards the best frequency than for frequency modulation 
starting from it. 
(5) The response to the best frequency component is inhibited 
by lower and/or higher components unless these are outside the inhibit-
ory area. Neurones sensitive only to downward sweeping tones were more 
often sampled than those sensitive only to upward sweeping tones. 
(6) In an FM-insensitive unit, inhibitory areas on both sides 
of an excitatory area limit the extent of frequency modulation of the 
best frequency component ~hich can activate the neurone. This type 
of neurone responds to more restricted combinations of components than 
does the symmetrical unit. 
(7) An FM-sensitive unit responds selectively to frequency 
modulation of certain components. The direction, range, rate and 
functional form of the frequency sweep are especially important in 
activating the type of neurone. The condition necessary for the 
excitation depends also. on the other components. 
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(8) An upper threshold unit does not respond to the best 
frequency' component and/or its frequency modulation when its intensity 
is stronger than the upper threshold. 
It is obvious that the characters of selective responding of 
the three types of neurones asymmetrical, FM-insensitive, and FM-
sensitive u~its - explains the capability of the auditory system in 
analysing the sound structure of the complex tones. SOIDe upper 
threshold units having aiso asymmetrical or FM characteristics can 
analyse the sound both in frequency and in intensity. . Concerning my 
experiments on auditory resolution so far, I believe that the frequency 
resolution is so poor in the static conditions because all neurones, 
paving the best frequencies correspondingly equal to the frequencies of 
the fUndamentals and the combination tones, respond to them more or 
less similarly. Conversely, in the dynamic case, each subjective 
component modulated at a certain rate will be more responded to by 
certain groups of neurones and inhibited in the others. This enables 
subject to discriminate the fundamentals from the combination tones 
more easily. In other words, the high level perception of the 
fUndamentals is less interfered with by the combination tones. An 
increase in rate of change of frequency of fal (t) increases the 
difference in frequency modulation rates of the subjective components, 
consequently it enhances the resolution performance of a subject. 
4.7 SUMMARY OF RESULTS 
The important results of frequency-resolution can be summarised 
as follows: 
(1) The capability of frequency resolution, under dynamic 
conditions is significantly improved when compared with that under 
stationary conditions. 
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(2) The frequency resolution, measured in the dynamic case, 
appears to .be independent of the value of IADl and IAD2 • Rowell [5] 
when determining the frequency difference between two stationary tones 
So that each could be localised, also reported this non-relationship; 
however, he also showed a frequency difference of almost an octave. 
(3) In CTFM Sonar, the Doppler effect results in an increase 
of the rate of change of the range coding frequency by a factor of 
two, within each sweep cycle. This gives an improvement in the 
resolution capability (compare experiments I and 2). 
(4) An increase in the relative velocity of target and sonar 
also improves the resolution capability of the aUditory display system, 
quantitatively as well as qualitatively (compa.ring experiments 2 and 3). 
However, if the target velocity results in too large a rate of change 
of the range coding frequency, the human reaction time becomes an 
important factor in the measurement of resolving power and the tracking 
of objects. Thus, in the sonar for the blind when T = 0.250s , 
s 
v = 1.5 mis, and r l CO) = 3m, signals will be resolved cognitively long 
before reaction can be recorded. 
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5.1 INTRODUCTION 
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The study on the multiple target resolution of the CTFM binaural 
sonar so far has been carried out with single objects only. Under 
realistic conditions a target always has a certain size, and is 
characterized by its shape, hence the corresponding audible signals 
displayed by the binaural sonar at its two channels must be the band 
limited tones whose spectra are combined in a specific way in accordance 
with the shape of the target. New terms like "length coding band-
width" and "angular width code" (the extents of the frequency and the 
I.A.D. of a tone in the auditory space) introduced to describe the 
"dimensions" of a complex tone reflected from a finite target will be 
the main parameters to be studied in the following experiments. 
1) Discrimination between two complex tones given by two 
finite targets. 
2) The effect of the "angular width code" on the 
discrimination. 
3) The effect of the 'iength coding bandwidth" on the 
discrimination. 
4) Comparing sizes of two finite targets. 
It is found that the discrimination between the complex tones 
is partly dependent on their aVerage lAD's. An increase in the 
frequency - difference for discrimination of two tones is observed 
when these tones are of small difference in lAD's; this effect becomes 
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more pronounced when the "angular width codes" (the extents in lAD) 
of the tones are increased. The comparison among the results of 
experiments 1, 3 and the frequency resolution of two single tones 
re~orted in the preceding chapter leads to the conclusion that a 
better frequency discrimination can be obtained with the complex 
tones provided that the bandwidth of the tone is restricted to a 
specific value, otherwise the frequency discrimination will be 
worsened, ahd finally, experiment 4 will show that the "length coding 
bandwidth" is a good cue for estimating sizes of finite targets. 
5.2 SOME THEORETICAL CONSIDERATIONS 
It is frequently known that most of the power scattered from 
a finite target is scattered from a rather small number of locations, 
often fewer than half a dozen, which may be thought of as "scattering 
centers" (an expression. attributed to R.E. Kell) II] . Usually they 
will be at the ends, edges and other discontinuities. Each center 
scatters power with a certain magnitude, and with a phase that can be 
related to a certain reference. However in CTFM binaural sonars (the 
sonic glass and the fishing sonar), the phase differences among the 
reflected waves from these scattering centers are suppressed during 
the blanking time of the final audio-output, consequently only ranges 
and azimuths of the scattering centers are informed. 
Let R. (t) and e. (t) be re.spectively the instantaneous range 
~ ~ 
and azimutqof the i-th scattering center, where i = 1, •• , n , and 
n is the number of scattering centers. The audible signals given 
by a finite target,at the two channels, Left and Right, will be: 
f . (t) dt] 
a~ 
(l) 
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(2) 
where Yi , 8i ' and fai (t) represent the strength, the 
azimuth and the range coding frequency of the i-th center, respect-
ively. ~(8) and AR(8) are the Left and Right receiver patterns 
which, as shown by Rowell [2], once having the exponential forms as 
follows! 
AL (0) A exp [ .,. (0 + a)2 (3) :::: 4 a k 
AR (8) = A exp [ -
(0 _ a) 2 (4) 4 a k 
will result in a linear relationship between the azimuth a~gle e. 
~ 
and the IADi of an object. Thus 
(5) 
where k is the localization constant which can be matched with the 
splay angle, a , 
transducers, and 
of the transducers. 
20 logloe 
K :::: 
k 
A 
As shown in the previous chapters, 
2m f . (t) :::: R4 (t)· - fT (t) 
a~ c.L 
is the maximum gain of the 
f . (t) 
a~ 
is determined by 
2 R. (t) 
~ (6) 
c 
Suppose that R (t) 
c 
is the average range of all the scattering 
centers (or of the target), then 
R. (t) :::: R (t) 
~ c 
+ oR. (t) 
~ 
(7 ) 
and f . (t) :::: f (t) + Of
ai (t) (8) a~ ac 
2m R (t) 
2R (t) 
where f (t) - f (t)· c (9) :::: 
ac c c T c 
2m oR. (t) 
2 OR. (t) 
and Of
ai (t) :::: - f (t)· 
~ (10) 
c ~ T c 
In order to simplify the equation (10) it will be assumed 
that within a short duration of time, when a certain task such as 
discrimination of targets is carried out, the sizes and shapes of 
the targets are unchanged. Thus oRi,t) is almost constant and 
ORi (t) ~ 0 , so 
Of . • 2m oR. ,; constant 
al c 1 
(ll) 
For the dimension of azimuth angle, let e (t) be the 
c 
average value of all e. (t) • 
:\- . 
average of all lAD. et) • 
1 
Accordingly, lAD (t) 
c 
is the 
Figure I shows the definitions of the "length", L(t) , 
and "angular width", M(t) , of a finite target in real space 
and the corresponding parameters, the "Length coding band width", 
B (t) , and the "Angular width code", AWC (t) , in auditory space. 
Figure 2 shows the left and right audio spectra given by q 
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finite target appearing in the left-hand side of the field of view. 
The difference in locations of the scattering centers results in the 
difference of the forms of the spectra at two channels. For 
simplicity, these scattering centers are assumed to have equal 
strengths. 
5.3 DISCRIMINATION BETWEEN TWO COMPLEX TONES GIVEN 
BY TWO FINITE TARGETS 
Considering two finite targets A and B simultaneously 
presented in the field of view of the sonar and described by their 
locations and sizes as follows: 
Target A 
Target B 
RC(t), ec(t), L(t), M(tO 
r (t), 0 (t), l(t), met) 
c c 
The corresponding variables describing the two complex tones 
A and B are then: 
Fig. 1. 
A.w,e (t) 
-., r-
lAD (t) 
c 
f (t) 
ac 
B (t) 
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R (t) = Average range 
c 
e (t) = Average azimuth 
c 
L(t) = Length 
M(t) Angular width 
(t) = Average range 
codinq frequency 
IAD(t) = Average' I.A.D. 
c 
B(t) = Length coding 
bandwidth 
A.W.e(t) = Angular width 
code 
LA.D. 
Relationship between the variables in 
real space and in auditory space. 
1 
INTENSITY 
(dB) 
Fig. 2. 
I 
I 
./ ,. 
........ 
LEFT 
SPECTRUM 
RIGHT 
SPECTRUM 
Left and Right spectra of a complex tone 
binaura1ly represented 
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frequency 
frequency 
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Tone ~ f (t) I lAD (t) I B(t), A.W.e (tl 
ac c . 
Tone B 
As mentioned in the previous section, it is assumed that 
dUring the time the discrimination task is carried out, the changes 
in size of the targets are not significant. So to simplify the 
problem, the length coding bandwidths and the angular width codes 
will be kept as constant parameters in the experiments. The function 
describing the discrimination of two t9nes is then reduced to a 
function of four variables (f (t), lAD (t), g (t), lAD (t» • 
ac c ac c 
This function depends on the similar variables as that of the pure-
tone resolution. Hence in the experiment to be conducted, 
and JAn 
c 
are held constant, varying only 
described in equation (9) . 
5.3.1 The Simulation 
f (t) 
aC as 
Only the simplest case of constant approach velocity, v, 
is considered, therefore f (t) 
ac 
can be put under the forms. 
where o < t 
- s 
f (t) 
ac 
T 
s 
2v 2v 
= f (0) - - m t - - m t 
ac c cs 
The control voltage required to generate that frequency is 
where v (0) 
aC 
v (t) 
ac 
and a 
v (0) - a t - a ts 
ac 
are linearly related to f (0) 
ac 
and 
(12) 
(13) 
2v 
-m . 
c 
A ten-channel voltage controlled oscillator was built to 
synthesize two complex tones, each of five components.. The five 
components of the moving tone were f . (t) = f (t) + of . 
a1 aC a1 
wh ere i = 1, ... , 5 ; of = 0 while the other of. (i 1 1) 
al a1 
could 
be either positive or negative. The corresponding control-voltages 
-IOV 
0.'1 x ex 
O.P 
EXTERNAL 
CONTROL 
-IOV 
0.1 
I.C = 0 
- V (t) 
ac 
- 0 V 
a2 
- 0 V 
a3 
- 0 V 
a4 
- 0 V 
as 
v (0) 
ac 
- v (0) + at 
ac 
a t 
s 
V
a2 (t) = 
To 
V
a3 (t) 
To 
V
a4 (t) = 
To 
VaS (t) :::: 
To 
V (t) 
ac 
V'C.02 
v (t) 
ac 
V.C.03 
V (t) 
ac 
V.C.04 
V (t) 
aC 
V.C.OS 
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v (t) = V (O)-Ctt-Ctt = V let) 
ac ac S a 
+ QV
a2 
+ OV
a3 
+ OV
a4 
+ OVaS 
To v.c.Ol 
CALCULATE 
f (t) 
ac 
DIGITAL 
DISPLAY 
TRACK & STORE 
CONTROL 
UNIT 
(FOR SUBJECT) 
Fig. 3. Analogue computer to generate Vai(t) , i = 1,5: 
and to control experiments. 
V 
a 
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ANALOGUE COMPUTER 
* Generate V
a1 (t) , i = 1, 5 
* Track and store value of f (t) 
ac 
* control expertment 
l(t) 
V
a5 (t) 
R 
f (t) 
a 
IADi SOMMER I--
F 10 CHANNEL fa5 (t) i ::: 1/ S R L TIMING 
I--t 
V.C.O gaJ, ~ CIRCUIT " JAD. SUMMER l. 
,..... 
i = 1,5 L 
gaS L , 
E1 ES 
! 
VOLTAGES TO 
SYNTHESIZE BLANKING fot- BLANKING 
TONE B CIRCUIT CIRCUIT 
L 
R 
~ 
AUD. AMP. AUD. AMP. CONTROL PANEL 
L 
...--.. R 
.~ for EXPERIMENTER 
SUBJECT 
Tis value DIGITAL 
of f (t) DISPLAY 
ac OF fac (t) 
Fig. 4. Arrangement of equipment for the experiments. 
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were V. (t) = V (t) + 0 V . , where OVal = 0, OV. (i t l) 
al ac. al al 
could be either positive or negative. An analogue computer was 
used to produce the voltage functions Vai (t) , to compute and to 
track and store the value of f (t) , and to control the experiment. 
ac 
Fi~ure 3 shows the panel patching of the computer, and 
Figure 4 shows the arrangement of the equipment for the experiment. 
5.3.2 Experimental Procedure 
The procedure of the experiment was based upon the 
psychological phenomenon similar to that found in the experiment 
with pure tones. The discrimination between two complex tones is 
first obtained at the instant that the two tones separate and slide 
in auditorY space to their respective positions (Figure 5). 
The subject's task was to listen to the complex sound 
including f (t) 
ac 
and gac' where f (0) ~ g , as described 
ac ac 
and press the switch to store the value of f (t) at the instant 
ac 
the descending tone was perceived to slide to the left or the right 
of the initial combined image. Each subject was questioned about 
the direction of shift of either the low tone, f (t) , or the high 
ac 
tone, g ac • ~or each value of g , the experimenter recorded the ac 
values of f (t) for different values of lAD and JAD 
ac c c 
These 
latter are changed in a random manner according to a table. 
5.3.3 Experiment 1. (Complex tones of narrow band width 
and small extent in lAD .) 
The simulations relate to the fish sonar where the approach 
velocity of target A is v = 1.5 m/s , the sound velocity is taken as 
1500 m/s , T 
s 
3.2 sec and m = 12.5 kHz/sec Then 
f (t) = f (0) - 25 (t + t ) (14) 
ac ac s 
o < t < 3.2 s . 
s 
COMPLEX 
TONE A. 
(DFtSCENDING) 
TONE A 
lAD 
c 
r 
f 
ac 
. ".r- COMPLEX 
TONE B ~~) .. -. - -tL~ 
~ COMBINED I (STATIONARY) 
IMAGE I 
f 
ac 
JAD 
c 
t = t 
o 
LA.D. 
(rr~11 
: ~7i{!Y TONE B 
I 1"''';( I 
' ...... 
_... " .; ".1 I 
, ... < - - .... IMAGE 2 4llli-• ~ ··;.fMAGE 1 I 
I 
I 
lAD 
c 
I 
I 
I 
JAD 
c 
LA.D. 
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Fig. 5. The phenomenon of discrimination of two complex tones. 
The "dimensions" of the complex tones and the corresponding 
sizes of the targets are as follows: 
Length coding bandwidth = 100 Hz target length = 6 m 
Angular width code 2dB angular width = 4 deg. 
, 
The components of each tone are equally spaced. 
Three subjects 81 S2 S3 were used in this experiment. 
Values of fac(o) = gac were chosen to be 1000, 2000 and 3000 Hz, 
whi+e the values of lAD were 0, + 4, + 8 dB for the descending 
c 
tone and lAD were equal to -10, -6, -2, +2; +6 and +10 dB for 
c 
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the stationary tone. Similar to the experiment witp pure tone, an 
error of up to - 25 Hz or + 55· Hz may be introduced into the 
recorded frequency discrimination due to the delay of the subject's 
reaction. For each combination of gac' lADc and JAD , the 
c 
recording of the frequenoy discrimination in four times shows a 
relatively small deviation, frequently less than 20 Hz. 
Figure 6a , b , c shows the variation of frequency-discrimination 
performed by Sl with respect to frequency, at different values of 
lAD and JAD 
c c 
The results given by subjects S2 and S3 are 
very close to this (see Appendix 2), an example is shown in Figure 7. 
Besides the better discrimination performance obtained in this case 
of complex tone in comparison to the performance with pure tones, it 
was noted that the frequency discrimination was slightly altered when 
lAD and JAD are closed together. 
c c 
Although this increase in 
~f was not very large, it was consistently found in the 
ac 
performances of all three subjects at different frequencies, and 
lAD's. To recognise this effect easily, the frequency-discrimination 
was rearranged as a function of JAD while 
c 
as constant parameters (Figure 8 a to i) • 
and lAD 
c 
are held 
250 
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ac 
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t,.f =: g - f (tl ) ac q.c 
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50 
o 
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fig. 7. 
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ac 
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5.4 THE EFFECT OF ANGULAR WIDTH CODE ON FREQ~NCY QISCRIMINATION. 
(Experiment 2: Complex tones of narrow bandwidth 
but large extent ~n lAD.) 
In order to study the effect of the angular width code 
on frequency discrimination, the extents in lAD of the tones were 
increased to 4dB, and a si~ilar experiment was repeated with subject 
S2 (this subject is the same subject S2 used ih the experiment with 
pure tones). (A 4dB extent in lAD of the complex tone is equivalent 
to an 8 deg. angUlar width of the finite target.) Results are 
presented in Appendix 2. 
Figure 9a, b, c represents the discrimination as a function 
of JAD , whiie 
c 
and lAD 
c 
are constant parameters. 
it is noted that there is a certain increase in t:.f when 
ac 
Again, 
JAD 
c 
and lAD are less different. 
c 
A comparison between the performances 
of subject S2 in two experiments, 1 and 2 , is shown in 
Figure lOa, b, c . Besides the expected increase of t:.f 
ac 
when the 
angular width code is doubled, the increase in t:.f when JAD 
ac c 
approaches the value lAD appears to begin sooner, and finish 
c 
later. In other words, the peak representing this effect is broader 
when the "angular width code" is larger. 
5.5 THE EFFECT OF LENGTH CODING BANDWIDTH ON FREQUENCY 
DISCRIMINATION. (Experiment 3: Complex tones of large 
bandwidth but small extent in lAD.) 
The length coding bandwidth of the complex tone is now doubled 
and equal to 200 Hz, while the angular width code is restored to the 
value of 2dB. Since the effect of lAD on frequency discrimination 
has been understood through experiments l and 2, only five 
combinations of and JAD 
c 
are involved in this experiment. 
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This number of combinations is still large enough for the experimenter 
to select them randomly so that the subject cannot give a "Left II or 
"Right ll judgement of a tone by guessing or remembering the initial 
pattern (if only two combinati1ims of IAn 
c 
and JAD 
c 
are used, 
subject may remember the initial patterns and gueSs the direotion of 
the ton~s before he actually resolves them). The average "frequency 
dis crimina tion" is pre sented in Table ::t.. 
TABLE 1. FREQUENCY DISCRIMINATIOr:;J PERFORMED BY SUBJECT S2 IN 
THE EXPERIMENT WI TH COMpLEX TONES OF LARGE BANDWI DTH 
BUT SMALL EXTENT IN IAD (B == 200 Hz, 1\.W.C. = 2 dB) 
IAD == 0 IAn = +4 IAO = +4 IAD = +8 IAO = +8 
c c c c 0 
gac JAD = +6 JAD = -6 JAD = +6 JAD = -6 JAD = +6 c 0 c c c 
Hz dB dB $ dB dB 
1000 210 235 260 200 230 
2000 265 240 30Q 250 355 
3000 350 370 420 360 425 
The comparison of this result with the corresponding result 
obtained in experiment 1 shows that. there iS f on average, an 
increase of ~fac equal to 19% at gac = 1000 Hz, 65% 
at gac = 2000 Hz, and 69% at gac = 3000 Hz. For the case of 
gac = 1000 Hz and length-coding-bandwidth = 200 Hz , subject reported 
the difficulty in separating the two tones, and larger deviation from 
the mean frequency-discrimination was recorded, about twice of that 
in experiment 1 (40 Hz) • The performances of subject s2 in three 
cases: (i) resolving two single tones [3], (ii) discriminating two 
complex tones of narrow bandwidth (100 Hz), (iii) discriminating two 
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complex tones of :Large bandwidth (200 Hz), are compared in Figure II. 
This comparison seems to lead to the conclusiol'\ that "the frequency 
discrimination is improved for narrow":'band tones but worsened for 
wide-band tone!:!". However, to answer precisely how narrow or how 
wide the bq.nd~!dths of the tones should be so that imp+oving or 
worsening the frequency discrimination occurs, more elal;:>orate 
experiJ;llents with several subjects are necessary since that work is 
similar to determining two kinds of threshold at the same time: 
the frequency discrimination and "the critical bandwidth" (the term 
"oritical bandwidth" is used in a specific meaning related to the 
frequency discrimination of complex tones in this case, but whether 
it is or it is not similar to the Fletcher's original concept will be 
discussed later), while it: has been known that determinihg J;llerely 
the critical banq of noise which effectively masks a tone was 
reported diversely by several authors [4 - 9]. Alternatively, in 
another approach, it will be shown that the investigation on the 
mechanism why such improvement or worsening of frequency 
discrimination occurs can also reveal some knowledge about the 
conditions at which that effect takes place. 
5.6 AN EXPLANATION FOR THE HIGH FREQUENCY DISCRIMINATION 
PERFORMANCE WITH NARROW-BAND TONES 
It was known from place theory that if the stimulus consists 
of several frequency components, which are not separately resolved, 
then an averaging mechanism does take place [10 - 11], a pitch of 
frequency approximately equal to that of the center component will 
be heard. An explanation for the improvement of frequency 
discrimination of narrow-band tones can be based upon that averaging 
mechanism as follows. 
!::.f (Hz) 
400 
lAD = 
c 
JAD = 
c 
300 A.w·e = 
200 
100 
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Fig. 11. 
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Comparison of frequency discrimination performances of 
subject S2 in three cases: (i) single tone~ 
(ii) complex tone of 100 Hz bandwidth, and 
(iii) complex tone of 200 Hz bandwidth • 
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Th+oughout the discussions in Chapters 2 and 5, it was seen 
that the CT'sl especialiy the cubic difference tone 2f
t 
f2 
generated due to non-linearity of the inner ear, interfere 
$ignificantly in the discrimination of the fundamentals. Figure l2a 
shows the typical level of the 2fl - f2 tone when fl and f2 are 
equal to 70 dB [12- l4J. In comparison to that, if two complex 
tones of the same levels (70 dB) as the single tones, and having the 
banqwidths B's, are considered the cubic difference tones 
genefated by the combinations of various pairs of components will be 
spread out over a large frequency band as demonstrated in Figure l2b. 
This also appiies to the higher order CT's • Therefore, if the 
bandwidths of the comvlex tones are narrow enough so that the 
averaging process can take place, two stimuli must raise two pitches 
of frequencies equal to the center frequencies of the complex tones 
and of intensities equal to that stimulated, while all the CT's are 
spread out and create a low-level wide band background. The 
interference of this background may not be as considerable as the 
ihterference of the CT's generated by a two pure tone stimulus. 
Accepting the above explanation for the improvement of frequency 
discrimination of narvow band (100 Hz) tones in experiment 1 leads to 
the only possible explanation for the worsening of frequency 
discrimination of wide band (200 Hz) tones in experiment 3; that the 
averaging mechanism fails to summate the components of the complex 
tones effectively in the later case, the stimulus tones are diffused 
and the CT's generated by the high complex tone interfere seriously 
on the low tone (Figure l2c). Previous studies on the loudness 
summation of complex tones carried out by Zwicker et al. [15,16] and 
Scharf [17,18] support this hypothesis. 
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Indeed, according: to their results: 
(i) Any complex sound having its bandwidth smaller than 
a critical band (C.B) has a loudness independent from the value of 
the bandwidth. This critical band is about 2.5 times wider'than 
the criticai band described by Fletcher [4~ and is the sallie as those 
measured in experiments on phase, threShoid and two tone masking 
[15,16] (Figure 13). 
(ii) At the sensation level above 15 dB, the spreading 
of energy in the complex tone over more than a C.B increases the 
loudness [15 - 17]. 
(iii) These critical bandwidths are independent from the 
sound level and the number of components of the complex tone [17 - 18]. 
what is found in experiment 3 with the complex tones of 200 Hz 
bandwidths can be explained as follows: 
a) At the frequency of 1000 Hz, the bandwidths of the 
tones (200 HZ) are larger than the C.B's, the tones are diffused 
and the average mechanism fails to take place, also the CT's 
generated due to the combiniDg of different components of the high 
tone interferes on the low tone seriously. 
reports difficulty in separating two tones. 
Therefore subject S2 
b) At the frequencies of 2000 Hz and 3000 Hz, the average 
mechanism may not fail to take place since the bandwidths of the tones 
are narrower than the C.B's, but the CT's generated by the high tone 
still interfere on the low tone much more than they do in experiment 1. 
The frequency discrimination is worsened but the tones are still 
easily perceived and separated. 
Hence to obtain a high discrimination performance with 
complex tones, two criteria should be considered: 
(i) The bandwidths of the tones Il\ust be smaller than 
the C.B's so that the tones are not diffuseq. and the averaging 
mechanism takes place, 
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(ii)' If the bandwidths of the tones are still large (even 
though they are smaller than the C.B's) the CT's generated by the 
components of the high tone can interfere on the low tone, and the 
frequency discrimination between the two tones is worsened. 
5.7 COMPARlNG SIZES OF TWO FINITE TARGETS (Experiment 4) 
One of the most common methods used in many echo ranging 
systems to estimate the size of a t(irget is measuring the ~Ireflecting 
power"of the echo from the target. Terms like "target strength" 
and "back-scattering cross-section" are well known in this technique. 
aowever, estimating the target size in this way is valid only if all 
the acoustical characteristics of the detected target are well known 
beforehand or only one kind of target is encountered when the system 
is in use. In the case of the sonic glasses, the sizes of a bush and 
a bus-stop post cannot be compared by that method. More clues are 
needed to discriminate between a large shoal of small fish and a 
small shoal of large fish in the fishing sonar. The problem is 
obviously very complicated. The purpose of this experiment is 
limited to some simple tests to show "qualitatively" how information 
such as "the length coding bandwidth" and lithe angular width code" 
can be perceived by a subject as the IIdimensions" of a complex tone 
which corresponds to the size of a finite target. 
5.7.1 Perceiving Information on the Bandwidth of the Tone 
The stimuli are two tones having the same angular width codes 
of 2 dB. But tone A has a length coding bandwidth of 200 Hz, and 
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tone B is of 100 Hz bandwidth. 
lnitially, both tones had the same center frequencies of 2000 Hz. 
They were presented successively to subjects at random ord,er and 
random lAD. Two subjects always reported that the wide-band tone 
was more "complex", while the experienced third subject recognised 
immediately that the tone A had a wider bandwidth. 
Two tones were then presented simu~taneously, and tone A descended 
as in previous experiments. .When they were separated in auditory 
space, two subjects could recognise that tpe wider band tone was 
moving down in every trial while the other subject needed to listen 
aga~n a few times before he could do so. To verify q subject's 
judgement in this experiment, the experimenter had explqinedto 
subjects prior to the test that either the wide band tone or the 
narrow band tone could randomly be the descending tone in either 
direction (left or right). The truth that only the wide band tone 
moved down was found by all subjects. 
5.7.2 Perception of Information on the Extent in I.A.D. of a Tone 
The stimuli are two tones having the same length coding 
bandwidth o~ 100 Hz, but one has an angular width code of 2 dB 
while that of the other is equal to 4 dB. 
of the tones can be randomly exchanged. 
The angular width codes 
Initially, both tones had the same center frequencies of 2000 Hz. 
They were randomly presented to subjects at random order and at 
different average lAD's. Two subjects could always find the 
difference in two tones and described the tone of 4 dB angular width 
code as diffused in' auditory space. The third subject required an 
increase of the angular width code up to 5 dB to recognise this 
effect. 
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Two tones were then presented simultaneously, and tone A swept 
down as in previous tests. When they were separated, only one 
subject could recognise which tone was more diffused in direction. 
The other two subjects could not do this even thoqgh the angular 
width c04e of the more extended in I.A.D. was increased to 6 dB. 
5.8 CONCLUSION 
Throughout the above experiment it has been Seen that 
perception of complex tones was accompanieq by several characteristics 
differing considerably from that found in the perception of single 
tOhes. The most important result is that discrimination of two 
complex tones is easier than discrimination of two single tones 
provided that the bandwidths of the complex tones are restricted to 
some specific values so that the components of each tone can be 
summated and averaged out while the interfering CT's are spread out. 
Differing from the case of single tone, where the frequency 
discrimination does not depend upon the lAD's of the tones, the 
diffusions in I.~.D. of the complex tones worsen. the frequency 
discrimination slightly, as the tones are closed in direction., 
As the extents in lAD of the complex tones are increased, the 
frequency discrimination is worsened and the dependence of frequency 
discrimination upon I.A.D. can be observed at larger differences in 
the direction of the two tones, The last simple experiment 
does not provide quantitative data on how the dimehsions of the 
complex tone are perceived, but it does give evidence to Smith's 
observation [19] with his fishing sonar that two shoals of fish 
could be detected at the same time and their sizes were co~parable. 
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CHAPTER 6 
PISCRIMINATION OF COMPLEX TONES IN AN 
AU D ITORY . SPACE CONTAMI NATED BY NOI SE 
CHAPTER 6 
DISCRIMINATION OF COMPLEX TONES IN AN AUDITORY SPACE 
CONTAHINATED BY NOISE 
6.1 INTRODUCTION 
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In qn attempt to study the auditory discrimination of spatial 
information When realistic targets of finite sizes were viewed, 
e~perimenting on discrimination performance using complex tones was 
carried out and described in Chapter 6. Hence an approach to more 
realistic conditions could be continued by inserting noise into the 
auditory space. It was found that by partially correlating two 
independent noise sources of limited bandwidths (0 - 5000Hz), the 
simulation of a noise-contaminated auditory space could be realised. 
The auditbry sensation produced by this arrangement was discovered 
to be very similar to that obtained When listening to the 
reverberation in the binaural CTFM Sonar (volume reverberation in 
the fishing sonar). The main purpose of the experiment in this 
chapter is to measure the capability of discrimination of two complex 
tones simultaneously presented in the noise contaminated auditory 
space. It will be shown that as the signal-to-noise ratio (SiN 
measured over the signal frequency band) decreases, the frequency 
discrimination of a subject is gradually worsened until a certain 
value of the SiN ratio is reached, below which the discrimination 
performance declines very fast and the high tone disappears. The 
discrimination of the frequencies of 1000, 2000 and 3000 Hz is 
measured and presented as a function of the SiN ratio, from 7 dB to 
37 dB in steps of 5 dB. The extrapolation of this function shows 
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that to obtain the optimal performance (same as in quiet) a very 
high SiN ratio is required (larger than 80 dB). At low SiN ratio, 
when the high tone is entirely masked, its unperceivable presence 
can cause the faint low tone shifted in direction. 
6.2 A DIRECTIONAL NOISE FIELD 
It was first shown by Kay [1] that the background noise of 
the CTFM Sonar within a certain bandwidth que to sea reverberation 
could be assumed equivalent to band limited white noise. Later, 
Smith [2] discussed the applications of this result to the two kinds 
of r&.verberation (volume reverberation and bottom reverberation) and 
proposed that experiments in auditory detection of signals against 
white noise would be relevant to sonar detection problems. 
Figures la and b show the typical spectra of noise due to 
reverberation given by an FM sonar working at deep water and shallow 
water, respectively. 
Since the system. being considered is a binaural sonar, the 
position of each individual scatterer is uniquely informed by the 
frequency and LA.D, of an audible signal in the, auditory space. 
When numerous gatherings of scatterers are simultaneously illuminated 
by the sonic beam of the s.onar, the background of. noise due to 
reverberation from these scatterers must be correspondingly confined 
into a certain area of the subject's auditory space as described 
in Figure 2. The sensation obtained when listening to (i) this 
directional noise field, is very different from the sensation 
obtained when listening to (ii) either a noise source with both ears, 
(iii) or two independent noise sources, one feeding each ear. 
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Fig. 1. Spectr~ of noise due to: Ca) Volume reverberation, 
(b) Volume reverberation, in a CTFM Sonar. 
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In case (i) the subject has an impression that the noise occupies 
q specific area in front of himself, but he feels thqt the noise 
appears either at a single direction oniy, in case (H) i or 
omnidirectionally (at all directions), in case (iii). These 
sensations are similar to the phehomena described by Sayers and 
Cherry [3,4] as partial fusio~ (case (i», complete fusion 
(case (ii», qnd independence (case (iii), i.e. complete lack of 
fusion) • 
Simulation of a Directional Noise Field 
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Since using one noise source can create noise at one direction 
only, to simulate a directional noise field as described seems to 
require a large number of noise sources, each set at a specific 
value of I.A.D. between ± 15 dB. However, when listening to two 
partially dependent noise sources arranged as in Figure 3, a 
sensation very similar to that of a directional noise field could 
be obtained. In Figure 3, nl(t) and n2 (t) are two independent 
noise sources of limited bandwidth, say 5000 Hz • The coefficient 
a of the two Left and Right stimuli, n2 (t) + anl(t) and 
nl(t) + an2(t) , determines the degree of fusion of the stimuli. 
As a = 0 , there is a complete lack of fusion of the stimuli, and 
noise is heard in all directions. At a = 1 , the stimuli are 
completely correlated, subject hears the noise right in the middle 
of his field of view. Thus, increasing the value of a from 0 to 1 
is equivalent to narrowing down the noise field or increasing the 
concentration of noise in the forward direction. An explanation 
for this effect is proposed in Appendix 3. Setting a at the value 
from 0.18 to 0.25 , it was found that noise could be concentrated 
in a beam of about 60 degrees wide 1n front of the observer. 
Fig. 3. 
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hl (t) + an2 (t) 
To right 
blanking circ~it 
To left 
circuit 
Simulation of a directional noise field. 
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(Five subjects listened to this noise field and agreed that the 
set up produceq directional noise more or less as described.) 
It should be noted that 20 log a.::::: - 15 dB whEm a.:::: 0.18 
The two sources n+(t) and n2 (t} instead of "being heard as two 
separate sources at 15 dB to the right and 15 dB to the left 
respectively were fused together to fill up the gap inside. 
6.3 DISCRIMINATION OF TWO COMPLEX TONES IN AN AUDITORY SPACE 
CONTAMINATED BY NOISE 
An experiment was carried out to measure the capability of 
discrill\ination of complex tones in the noise-contaminated auditory 
space at different SIN ratios. Noise used in this experiment was 
restricted, in the frequency band Q - 5000 Hz, and its level was fixed 
at 50 dB {each channel}. The complex tones were of 100 Hz band-
widths and 2 dB extents in I.A.D~ Their levels were dropped in 
steps of 5 dB fro~ 70 dB to 40 dB after each measurement of frequency 
discrimination at different values of I.A.D. and frequency was 
completed. 
In the experiments using pure tones and masking noises, the 
SIN ratio was frequently specified to be the signal to noise ratio 
per Hz. Thus in this experiment with complex tones, the signal to 
noise ratio over the signal bandwidth {SIN - S.B} would be the ratio 
of the signal level and the level of noise contained in a frequency 
band equal to the signal bandwidth. The sIN - S.B was then 
reduced from 37 dB to 7 dB in this experiment. 
6.3.1 Apparatus and Procedure 
The apparatus used to generate two complex tones, the 
stationary tone gac and the descending tone 
the same as that described in Chapter 6. 
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The noises, n l (t) + an 2 (t) and n2 (t) +cml tt) , used to simulate a 
directional noise field, and the signals f (t) 
ac 
and g " were 
ac 
added up at the inputs of the blanking circuits as in Figure 4. 
The conversion curve of electral power and sound level was measured 
before the tests were carried out, so during the experiment the sound 
level could be reaq on an R.M.S. voltmeter. 
The experimental procedure was baqed on the phenomenon 
described by Figure 5. The subject listened to two complex tones, 
the descending tone (t) and the stationary tone g' , where 
ac 
f (0) 
ac 
gac ' in the noise field, and pressed a switch to store the 
value of f (t) at the instant, t l , that the descending tone was ac' 
perceived to slide to the left or right of the initial complex image. 
The subject was then questioned about the direction of shift of either 
the low tone fac(t) or the high tone gac 
discrimination, f 
ac 
The frequency 
frequencies of gac = 1000, 2000 and 3000 Hz , for three combinations 
of lAD (direction one of the low tone) ahd JAD (direction one of 
c c 
the high tone): ( lAD , Jim ) ::; (0 dB, + 6 dB), (+ 4 dB" ~,10 dB) 
c c 
and (+ 8 dB, - 2 dB). Other combinations of lAD's were randomly 
used so that subject could not memorize any particular binaural 
patterns while being tested. 
6.3.2 Results 
-Three subjects were used in the experiment, and the average 
results over six times of recordings for each subject are shown in 
Tables 1, 2 and 3 of Appendix 4. Their frequency discrimination 
performances are described as the functions of SIN - S.B in 
Figures 6, 7 and 8. In each figure, there are three groups of curves 
corresponding to the subject's performance at 1000, 2000 and 3000 Hz. 
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Fig. 6. Discrimination performance of subject Sl at 1000 Hz 
(aI, bl, cl), 2000 Hz (a2, b2, c2) and 3000 Hz 
(a3, b3, c3). (See Table 1.) 
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Fig. 7. Discrimination performance of subject S2 at 1000 Hz 
(aI, bl, cl), 2000 Hz (a2, b2, c3) and 3000 Hz 
(a3, b3, c3). 
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Fig. 8. Discrimination performance of subject S3 at 1000 Hz 
(aI, bl, cl), 2000 Hz (a2, b2, c2) and 3000 Hz (a3, b3, c3). 
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Each group consists of three curves corresponding to three different 
combinations of lAD's described above. ~e arrqpgement of the 
curves is as follows: 
TABLE 1. ARRANGEMENT OF THE FREQUENCY DISCRIMI~~rION CURVES 
gac lAD JAD frequency discrimination c c 
Hz dB dB curve 
1000 0 6 a 1 
" 8 -2 b 1 
II 4 -10 c 1 
2000 0 6 a 2 
II 8 -2 b 2 
" 4 - 10 c 2 
3000 0 6 a 3 
" 8 -2 b 3 
" 4 - 10 c 3 
One of the results found in the previous experiments of 
discrimination of complex tones under noise-free conditions which 
can be seen here is that !J.f slightly increases as the difference 
ac 
in LA.D. of two tones is reduced. In gelle ral, as the sIN - S.B 
decreases, the capability of. discrimination is gradually worsened 
(i.e. !J.f increases) until a certain value of s/N - S.B is reached, 
ac 
the capability of discrimination declines sharply, and the high tone 
is entirely masked. The detailed observation is as follows: 
At gac = 3000 Hz , the high tone was entirely masked as the 
SiN - S.B was reduced to 17 dB. Subject pressed the button to 
record the value of f (t l ) when the low tone was heard to raise aC 
clearly and slide to a determinable direction. 
at gac = 2000 Hz , subject reported the disappearance of the 
big:Q tone in about 50% of the number of tests, when the sjN - S.B 
was reduced to 17 dB. 
at gac = 1000 Hz , the experiment was carried out Until the 
SiN - S.B was reduced to 7 dB. At this signal to noise ratio, 
subjects 1 and 2 could still perceive both tones and discriminate 
them easily; but subject 3 lost the high tone in about 50% of the 
number of tests when the sjN - S.B was equal to 12 dB. 
6.4 DISCUSSION 
Subjects Sl and S2 used ip this experin\ent are the same 
subjects in previous experiments on the discrimination of complex 
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tones in quiet conditions. Hence their performances in quiet and 
in noise are going to be compared. The results obtained from 
subjects Sl and S2 at different combinations of IADc and JADc are 
now averaged, and the idealized curves of discrimination performance 
are plotted as the functions of sjN - S.B (see Figure 9). In quiet 
conditions, the average discrimination performances of these two 
subjects over the similar combinations of lAD's are I1f = 115, 
ac 
165 and 2+0 Hz at gac = 1000, 2000 and 3000 Hz respectively. 
The extrapolation of the curves shows that it may require an 
SiN - S.B as high as 80 dB in order that these subjects can perform 
their best discriminations. Such a requirement has not been 
achieved in any wide beam FM sonar with targets such as fish shoals 
(see Chapters 8 and 9) • 
As the SiN - S.B is reduced, there. would be a certain limit 
where the high tone is entirely masked. This limit as shown in the 
experiment result is obviously higher than the ~asked threshold of a 
tone when it is presented with noise only. 
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of Sl and S2 over different values of lAD's. 
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Indeed, usinq the definition of a critical band as the bandwidth of 
noise whose overaLl,. energy is equal to the energy of a tone in the 
center of the band when the tone is just barely masked by the 
noise [5], and accepting the hypothesis proposed by Schafer and Gales, 
Marill, and Green [6,1,8] that the powe:):: of a band limited signal is 
summated if its bandwidth is smaller than a C.B, then the masked 
threshold of a complex tone must be: 
SIN - S.a at threshold 10 I (critical bandWidth) og signal bandwidth 
Using the results given by Zwicker et al. [9,10] and Scharf [11,12] 
that the critical bandwidths of loudness summation at 1000, 2000 
and 3000 Hz are respectively equal to 160, 300 and 470 HZ, the masked 
thresholds of the complex tones of 100 Hz bandwidths must respectively 
be 2, 5 and 7 dB, at 1000, 2000 and 3000 Hz. The shift of the 
masked threshold of the high tone is perhaps due. to the presence of 
the low tone, even though two tones are well separated in frequency. 
Wegel and Lane [13], when sounding two pure tones simultaneously, 
found a similar effect that the hearing threshold of the high tone 
in quiet was shifted by the presence of the low tone. 
During the course of the experiments it was also found that 
at low SIN - S.B, when the high tone is entirely masked, the direction 
of the low tone is shifted in the auditory space. Indeed, for 
example, at the beginning of a trial, tone A (descending) of 0 dB lAD 
and tone B (stationary) of + 10 dB (Right) are of tM same 
frequencies~ a combined image would be perceived by the subject 
somewhere in the right hand. As tone A descends, beating between 
two tones is gradually reduced until a certain frequency difference 
is reached and the subject hears the low tone slide definitely to 
the left hand instead of the centre of the auditory space, while the 
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high tone is not .I,ercei vab1e . It is obvious that the presence of 
the high tone at one side of the auditory space causes the masking 
background noise to be unbalanced. The different reductions i~ the 
perceived amplitudes of the low tone in two ears by masking, resUlts 
in a change of its perceived direction. 
by Sanders [14J. 
A similar effect was found 
6,5 CONCLUSION 
Throughout the experiment it can be concluded that 
. (i) within the range of the SiN - S.B from 20 dB to 40 dB 
the frequency disorilI\ination of the complex tones is about two to 
four times worse than that in quiet conditions. This performance 
is gradually improved with increasing the sjN - S.B. However, a 
request of an 80 dB s/N - S.B for the optimal performance is perhaps 
obtainable only in the blind aid, not in the fishing sonar. 
(ii) The frequency discrimination is gradually worsened 
as the SiN - S.B decreases till a certain value below which the 
performance declines very fast and the high tone disappears. 
( iii) The high tone is completely masked at an SiN - S.B 
of 10 dB higher than its masked threshold when it is presented alone, 
and its unperceivable presence can cause the faint low tone 
to be shifted in direction. 
Obviously, noise affects the discrimination performance 
significantly. Although this experimental result is less relevant 
to the case of the blind aid, where the reverberation from wall, 
bush and fence provides necessary information for the sonic-glasses 
user and the environmental noise is entirely different, it does apply 
to the cases of the child-aid (an adaptation of the sonic glasses for 
the blind child) and the fishing sonar. 
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The simulation can resemble either a child sitting on the floor 
and picking up toys from the carpet, or a boat tracking one of the 
fish shoals by using CTFM sonar. 
Chapter 7 will i~vestigate the prob~em of target detection in 
an t:\l1derwater wide beam FM sonar, and Chapter 8 Will compare the 
masked thresholds of complex tones in static and dynamic cases. 
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CHAPTER 7 
BAS ICC 0 N SID E R AT ION S ON OE T EC T I ON 
PROBLEMS IN WIDE BEAM CTFM SONAR 
CHAPTER 7 
BASIC CONSIDERATIONS ON DETECTION PROBLEMS 
IN WIDE BEAM CTFM SONAR 
7.1 INTRODUCTION 
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In sonqr design processes, it is frequently necessary to 
estimate at the position of the sound source the intensities of the 
sonic waves reflected from targets, scatterers and boundaries. 
Terminologies such as bac1< scattering cross-section, target strength 
apd reverberation level have become familiar to sonar designers as 
the indicatiohs of strength of the target echo (the first hlO terms 
and the background (the last term) . The designer's objective is to 
find· means for increasing the overall response of the sonar system 
to the target-echo (also called the signal) and for decreasing the 
response of the system to the background (or noise) - in other words 
to increase the signal to noise ratio. 
A sonar sys,tem can be designed to serve specific purposes 
such as detection, discrimination of multiple targets, classification 
(i.e., determining the character of a target); or more particularly, 
fish finding. Dependin g on the desired purpose I. a cert.ain signal to 
noise ratio is required so that the function can be performed, 
For example, in Chapter 6, it was shown that in a CTFM Sonar with 
binaural display, the discrimination of two targets could be 
accomplished only when the signal to noise ratio would be about 
10 dB higher than that required for detection. 'The condition for 
the detection to be just accomplished can be described by: 
Signal level = background "masking" level 
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where the term "masking" implies that not all the background 
interferes with the signal, but only a portion of it. This portion 
depends upon the method by which the sigpal and noise are processed 
and di splayed, . For instance, with a pulse~ sonar, the extension 
in range, 6r, of the annular region, which determines the amount 
of reVerberation effectively masking the echo, such that the 
scattering produced by all portions of the annular region returns to 
the source at the same instant of time as the echo. Accordingly, 
6r is equal to CT/2 where C is the velocity of sound and T 
is the pulse length [1]. In CTFM Sonar, however, the scattering 
produced by all portions of the sonic beam from the zero range to the 
furthest detectable range is simultaneously displayed on a frequency 
scale. The frequencies of the displayed components are arranged to 
be correspondingly proportional to the distances of the portions of 
scatterers. Thus, the signal is effectively masked by a band of 
noise whose bandwidth is equal to the bandwidth of the signal, 
provided that the filter is idealised. In other words, it is the 
extension in range, 6r, of the target that determines the annular 
region of scatterers from which the reverberation masks the echo 
effectively. 
The main purpose of this chapter is to study the use of 
CTFM Sonar in fish finding. The first part provides methods for 
estimating the target strength of a shoal of fish. Noise due to 
sea reverberation is investigated in the second part. 
The theoretical prediction of the system performance is then compared 
* to the results of the experiment conducted by Kay et al. recently. 
* The experiments have been carried out by Kay et aL of the 
Electrical Engineering Department, University of Canterbury, 
New Zealand, since 1975. 
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7.2 MEASUREMENT OF TARGET STRENGTH AND 
aACK SCA~TERING CROSS~SECTIO« OF FISH 
The parameter target st+eng1;.h referring to the echo returned 
by an underwater object is defineq as: 
T.S. 
Irl 
10 log 
I. 
1. 
( 1) 
where Irl is the intensity of the sound returned by the target at 
a distance of i metre from its "acoustic center" in some direction, 
a~d I. is the incident intensity from a distance source. 
1. 
Accord~ng to this definition, Irl must be measured in the direction 
of the receiver of the sonar system. Hence, target strength is a 
t'unction of :both the incident direction and the direction of the 
receiver.' However the study in this chapter is restricted to the 
case of closely adjacent source and receiver, thus target strength 
depends on the incident direction only [1]. 
An alternative parameter frequently used to measure the echo 
returned from an object is the "Back scattering cross section ll • 
This is defined by Kerr [2] as "The area intercepting that amount of 
power which, when scattered isotropically, produces an echo equal to 
that observed from the target ll • The relationship between the back 
scattering cross section and the target strength is 
T.S = 0' 10 log 41T (2) 
where 0' is the back scattering cross section, which, in general, 
differs from the geometrical cross section of a target. 
Appendix 5 provides a detailed study of these two parameters 
and gives the formulas of target strength and back scattering cross 
section of a number of geometric shapes. 
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The lengths of some of the better known fish which are caught 
commercially are given in Table 1. These fish are similar in shape. 
Each has a swim bladder, which is a gas filled, cigar-shaped envelope 
situated in the arch of bones of the backbone. 
TABLE 1. Lengths of fish [3,4] 
Length Length 
~ame L (cm) ~ame L (cm) 
Tuna 70 - 200 Whiting 20 - 40 
Cod 45 - 120 Herring 15 - 30 
Hake 30 - 120 Pilchard 12 25 
Haddock 30 - 60 Sprat 8 - 15 
Using the scale model technique, Haslett [3,4] measured the back 
scattering cross-section (also. called acoustic cross-section) of 
fish at 1.48 MHz, 625 kHz and 360 kHz, over a wide range of fish 
length (i. e. length of fish) (8 - 60 times the wave length "-). 
His results can be summarised as follows: 
At constant frequency, when the length of the fish is increased (or 
alternatively, for a constant fish-length, as the frequency is raised), 
the fleshy body of the fish which is initially in the Rayleigh 
scattering Region (cr is proportional to l/"-~) passes into the 
geometrical region before the swim bladder and the backbone 
( 10 A ~ L ~ 24 "- ). However, for larger fish (or at higher 
frequency), 24 "- ~ L ~ 60 "- / the scattering signals from the 
cylindrical bladder and backbone will exceed that from the body, and cr 
is proportional to 1/"- If the ratio L/"- is increased further and 
a plane reflecting area is involved, the acoustic cross-section is 
proportional to 1/,,-2 • Figure 1 shows the acoustic cross-sections 
of fish (sticklebacks and guppies) in main aspects (head, tail, 
dorsal, ventral, etc.) measured.at 1:48 MHz. 
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Fig. 1. Acoustic cross-sections of sticklebacks and guppies in main aspects, 
measured at 1-48 MHz' '. (L=overalllel1glh of fish." wavelength In waler.) 
The numbered straight lines show the general trends of the cross sections at. 
yarlous points: 
Line 
1 (dorsal) 
,2 (aetllal side) 
3 (maximum side) 
4 (dorsal) 
.5 (maximum side) 
Slope 
2·9 
3' J 
1·8 
1·6 
4'1 
(Reproduced from [3,4])' 
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At high frequencies there are (llIlIlY m~xima, so th~ general trend of the maxima 
is shown as a dotted line on eac~ graph • 
These results are compared with those published by Hashimoto Ilnd Maniwa 
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(Reproduced from [3,4]) 
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The relation between scattering cross section and the length of the 
fish at different frequencies. (Reproduced from [6]) 
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Fig. 4. Back-scattering polar diagrams of fish (sticklebacks) . the readings 
were taken under the fol/owing conditions: 
Plane of observation: (a), (b) and (c), horizontal plane; (d), (e) and (f), vertical 
plane (perpendicular to longitudinal axis of fish). . 
frequency: (Il) and (d), 360 kHz; (b), (c), (e) and (f), 1·48' MHz. 
Radial scale: amplitude (mY): 20 mY in (a) and (d) is equivalent to an acoustic 
cross-scction of t'5 x 10-2 cm~ at 360 kHz (or 8·8 x 10--1 cm2 ' at \-48 MHz); 
20 mY in (b), (c), (e) and (0 is equivalent to an acoustic cross-section of 
t·7J x 10-1 cm2 at \'48 MHz. 
L:= actual length of fish, L' = cquivalelll full-size length of fish at 30 kHz, 
'\=wavc!ength in watcr 
(Reproduced from [3,4]) 
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The frequency response of a fish of any arbitrary length may be 
cqlaulated from these results using the correct scaling factor for 
~qch point. Figure 2 shows the frequency response of fish in dorsal 
aspect. The lengths of fish are 90 cm, 45 cm and 22.5 cm. 
Cushing et al. [6] measured the scattering cross-section of 
fish qt dorsal aspect, and found the results agreeing with Haslett's 
\Ileasurements. Figure 3 shows that each curve consists of three 
distinguishable parts: (i) L < 8 "-, (J is proportional to 1/,,-4 
(i1) 8 A < ~ < 100 "-, (J is proportionai to 1/"-; and (iii) 
L > 100 "- (J is proportional to 1/,,-2. The line joining the 
peaks of Haslett1s curve in the transient part (8 "- < L < 24 "- ) is 
reasonably fitted to the relation (J oc 1/"-. 
Obviously the above results are applicable only to some 
specific conditions of the sonar system where the aspect of the fish 
illuminated by the acoustic signal is known. For example, under 
normal echo-sounding conditions, the dorsal surface ot the fish is 
presented to the acoustic signal. Such conditions are not found in 
a forward looking sonar, where fish in a shoal are illuminated by the 
sonic wave under various incident angles, and their target strengths 
vary during the time they swim or the boat moves (Figure 4 shows the 
back scattering polar diagrams of fish observed in different planes) . 
Hence, to estimate the target strength of a fish shoal, it is 
necessary to determine the average target strength of fish over 
various incident angles of the sonic wave. This is done in the next 
section. 
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7.3 DETERMINATION OF THE AVERAGg TARGET STRENGTH AND BACK 
SCATTERING CROSS-SECTION OF FISH WITH RESPECT TO+NCIDENT ANGLE 
The essential parts of a fish which contribute ~ost to the echo 
signal can approximate to the following simple forms: 
- The body of the fish (less fins) approximates to an 
ellipsoid of dimensions: Ll = 0.93 L, HI = 0.195 t, and 
Bl = 0.li2 L 1 where L is the total iength of the fish. 
~he reflectivity of fish flesh is ·S = 4.4% in fresh wqter, and 
1,9% in salt water (see Appendix 5) . 
Swimbladder - The swimbladder can approximate to a cylinder 
of length 0.24 L, and radius 0.0245 L. Its reflectivity is -100%. 
vertebral Column - The core of the vertebral column is a 
cylinder of length about 0.65 L having a mean diameter of about 
0.012 L • The reflectivity of wet fish bone has been found to be 
26% (Appendix 5) . The signals reflected from the bony spines of 
the backbone are much smaller than from the core. 
Applying the formulae given in Appendix 5, the average back 
scattering cross-sections of these parts of the fish, and of the 
whole ftsh, can be determined as follows: 
(i) Very small fish 
The back scattering cross-section of a rigid pody having its 
dimensions in Rayleigh scattering region is [7]· 
(J = ( 3) 
According to Mentzer [10], a cylinder is considered as in the Rayleigh 
region when its radius is smaller than A/2~. The radius of the 
swimbladder is larger than that of the backbone and equal to 0.0245 L. 
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Thus equation (3) can be used to calculate the scattering cross 
sections of both the swimbladder and the backbone, provided the fish 
length L is smaller than 6.5 A • 
Using the given approximations to parts of a fish, the volume 
of the swimbladder is: 
:::::: (4) 
So its scattering cross section is 
:::::: (5) 
Similarly, the volume of the backbone is 
= 7.35 x 10-4 (6) 
Substituting V2 into equation (3) and multiplying the result with 
the square of reflectivity of wet bone 
== (7) 
At the fish lengths close to 6.5 A , the body of the fish is, in 
fact, in the transient region. However, since it is still closer 
to the Rayleigh region than to the geometrical region, equation (3) 
would be employed to calculate its scattering cross section [5J. 
The volume of the fleshy part of the fish is 
V3 7.80 x 10-
3 (8) 
So its scattering cross section is 
x 10-5 
6 
0'3 5.8 
L in fresh water -
A4 
(9) 
-5 L6 in salt water 0'3 1.1 x 10 -A4 
(10) 
Thus the back scattering cross section of the whole fish is 
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since, in geometrical +egion, L > 24 A 
k 11 = ~ x 0.24 L > ll.52 ~ » ~ 
. 2 
(s_~n tl)-The function tends to zero. very fast, therefore, 
u 
J: 11 ' - 2 J: 2 (SID U) du du 1T = = -u 2 
Thus 
crSB a l 11 (17) 
Similarly, the average scattering cross section of the backbone is 
(18) 
where a 2 and 12 are respectively the radius and length of the 
backbone,. (3 = 26% is the reflectivity of wet bone. Substituting 
the approximated values of aI' 11 I aZ I 12 in equations (17) and 
(18) : 
= (19) 
= (20) 
The average scattering cross section of the whole fish is 
(21) 
(iii) Large fish 
When the fish is very large compared with the wave length 
( L > 60 A ) , the back scattering of the fleshy part of the fish 
becomes important, since the fish body acts like a plane target. 
The total scattering cross section of the fish must be the sum of 
.the scattering cross sections of the swimbladder, the backbone and 
the fleshy body. The contribution of the first two parts is given 
in equation (21). 
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The scattering cross section at the proadside aspect of a 
plate is determined by equation (22), where A is the area of the 
plate and S is the reflectivity. 
crbroadside = 
41T A2 
1,.2 
(22) 
Consider now a fish swimming horizontally at a distance r 
from the sound source. At any position, the fleshy part of the fish 
can be replaced by a plate of area Elqua.l to geometrical cross section 
of the fish body and of reflectivity equal to that of fish flesh. 
This plate is normal to the plane determined by r and the axis from 
head to tail of the fish. The approximate sizes of the plate are: 
length == b == Ll 0.93 L 
width = a , depending on the position of the fish, a varies 
between HI 0.195 L , and Bl == 0.112 L 
(see parts of a fish) . on average 
HI + Bl 
0.153 L a == 2 
Let ¢ be the incident angle, the scattering cross section of the 
fleshy body of the fish is: 
cr F.B cr x D(¢) broadside 
Nhere D(¢) is the directivity factor: 
== 
sin k b(sin ¢) 
k b (sin ¢) 
2 
cos ¢ 
The average value of this factor over various incident 
D(¢) ~ r/2 ~in (k b sin )j2 2 d¢ = cos ¢ 
1T 0 k b sin 
Let u = k :b sin ¢ 
. kb 2 
( 1 - 2 ) l D(¢) ~ • _1_ f (sin u) k2 ub2 du 1T k b 0 u 
( 23) 
(24) 
angles is 
(25) 
(26) 
for large fish k b = ~'If. P > 110 'If »'Il' 
tends to zero ve+y fast after U > 'If , while 
slowly. Thus 5(~) c<¥i be approximated by 
D(~J == 
/ 
2 1 
-x --
'If k b 
2 
si11 u 
u 
du 
The function 
[1 " ~~:2t 
1 
k b 
decays 
(27) 
Hence t4e average scattering cross section of the fleshy body is 
( 28) 
Substituting the values of a and b in equation (28) 
8.43 x 10-5 
L3 
in fresh water (29) 
°F;S = A 
3 
°F.B = 1.57 x 
10-3 ~ in sait water (30) A 
The total bac~ scattering cross sectibn of the fish is then 
-5 3 L -3 L2 0 8.43 x 10 T + 6.14 x 10 in fresh water (31) 
. -5 L3 -3 2 in (32) 0 1.57 x 10 -+ 6.14 x 10 L salt water A 
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All the formulas given for the back scattering cross sections can be 
converted into the formulas for target strengths by using equation (2). 
Figures 5 and 6 show the back scattering cross section and target 
strength of fish as the functions of fish length, when the frequency 
is equal to 60 kHz. These curv~s are plotted by using the formulas 
(11), (12), (21), (31), (32) and (2). Incomparisontothe 
experimental results j say at dorsal aspect, the target strength of 
. -~-. 
a fish, averaged over different incident angles, is from 5 to 10 dB 
lower. 
N 
S 
() 
c: 
0 
o.-j 
.j.l 
() 
Ql 
til 
til 
til 
0 
lo-I 
() 
tTl 
c: 
o.-j 
lo-I 
Ql 
.j.l 
.j.l 
flj 
() 
til 
~ () 
flj 
ill 
500 
I 
Frequency = 60 kHz 
Wave length = 2.5 cm 
400~ 0 In fresh water 
• In sea water 
300 
200 
100 
- ......- Fish length 
--01 e==, , ! ! ! ~ i" · 20 40 60 80 100 , ~h 10 160 180 200 cm 
-
Fig. 5. Variation of the back scattering cross section with rspect to the length of fish. 
..... 
-...l 
l'V 
-20 
--(f) 
~ 
(f) 
-& 
!Il -30 
!Il 
::I 
0"'; 
'0 
cO 
~ 
~ t '" ~. -40 ", ,. /' 
",. 
/' 
/ & 
Frequency 60 kHz 
,Wave length = 2.5 cm 
--
!@ -50 
o In fresh water 
..c: 
+l 
,. In sea water 
tl"l 
t:: 
(f) 
~ 
+l 
!Il 
+l 
(f) -60 
tl"l 
~ 
cO 
8 
-70 I ' 1 , , , • , , r , Fish length 
20 40 60 80 100 ' 120 140 160 180 200 cm 
Fig. 6. variation of the target strength with respect to the length of the fish. I--' 
-..J 
LV 
174 
7.4 REFLECTION FROM A SHOAL OF FISH 
A shoal of fish is defined by the following characteristics: 
(1) type of fish 
(2) density, i.e. the number of fishes per unit volume 
(3) population 
(4) shape of the shoal. 
The purpose of this section is to provide a method to estimate the 
scattering cross-section or target strength of a fish shoal. 
To simplify the problem, it will be assumed that the shoal is evenly 
distributed by fishes of equal size. 
Considering the simplest case where the fish shoal is either 
of q flat shape, or sparsely distributed so that there is no 
overlapping of echoes from individual fish, thus the total back 
scattering crosS section of the shoal is: 
-
= n a ( 33) 
'-where a is the average scattering cross-section of a fish, and 
n is the population or the total number of fish of the shoal. 
However, in actual existing volumetric shoals, fish are frequently 
so densely concentrated that the total echo from the shoal is more 
or less attenuated by absorption of ultrasonic energy in.fish bodies. 
Shishkova [9] found that the coefficient of attenuation increases 
with the increasing concentration of fish, and presented this effect 
in Figure 8. To determine the scattering cross-section of a 
volumetric shoal the following method may be used. 
Let A(u) be the geometrical cross section of a shoal of 
fish at distance u from its front surface. Let N be the density 
of fish in the shoal, then the number of fish in the volume element 
A(u)·du is N A (u) du. 
il 80 70 
.j..l 
J:: 
OJ 60 -..-I 
U 
-..-I 50 \H 
\H 
OJ 40 0 
u 
J:: 30 0 
-..-I 
til 20 
::l 
ffi 10 tl 
F'!l 0 
Fig. 7. 
kHz 
10 20 30 40 50 60 70 80 frequency 
Extinction of ultrasound in fish schools 
of different concentration in relation 
to frequency. The concentration is the 
biomass per cent of water volume. 
(Reproduced from [9]) 
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If there are no fish in front of this volume element (layer), its 
scattering cross section will be 
(34) 
and its target strength is 
10 N A(u) cr du 
loglO 4 'IT (35) 
Frequently the attenuation coefficient of sound in the fish 
shoal ,af ' is expressed in dB per unit length. Consequently, a 
two way transmission of sound from the front of the shoal to the 
layer of fish A(u) du results in an attenuation of the echo signal 
The target strength of the layer A(u)du becomes 
TL (u) 10 loglO 
N 
or 
1 
TL (u) 10 loglO 4 'IT 
The scattering cross section 
-N A(u) cr x 
A(u) cr du 
4 'IT 
[ N A (u) 
of this 
a f 
-- u 
10 5 
2 a f u (36) 
a f 
-- u 
- 10 5 du cr x ( 37) 
layer is 
du (38) 
Let d be the thickness of the shoal,' then its total scattering 
cross section must be 
a f: A(u) a f 5 u cr = N 10 du (39) S 
If the shape of the shoal is known, A(u) can be determined and . 
the integration can be calculated. Suppose that A(u) is constant, 
then 
u 
= du (40) 
= fd af N cr A 0 exp(- !5 In 10 u) du 
-= 
N a A 
o. (1 
Example 1. N 4 fish/m 3 , A == 25 2 m, d == 10 m , 
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(41) 
(average scattering cross section of fish of about 90 cm length)( 
Ctf = 0.1 dB/m. Using equation (41), the scattering cross section 
of the shoal is 
and its target strength, reiative to a sphere of two 2 m radius, is 
T.S = - 5 dB 
(If the shoal is flat, the total scattering cross section of the 
shoal is 50000 cm2 , and T.S ~ - 4dB.) 
7.5 CHARACTERISTICS OF NOISE DUE TO SEA REVERBERATION IN CTFM SONAR 
It was first shown by Kay [10] and Smith [11] that the audible 
frequency noise due to sea reverberation produced by a CTFM sonar, 
within a critical bandwidth [12], is statistically identical to band 
limited white noise. This suggestion is applicable only under some 
conditions and to some extents as follows. 
Two types of reverberation which are frequently encountered 
in forward looking sonars! (i) volume reverberation, and 
(ii) bottom reverberation, are considered. Assuming that the beam 
pattern is idealized and considering an annular region, ~r, at the 
range r, containing n scatterers (Figure 8), in both cases of 
volume and bottom reverberation the received signal can be represented 
by 
V(t) 
n 
l: 
i=l 
a.S(t-T.) 
1. 1. 
(42) 
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Sound source 
Sound source 
a) Volume reverberation b) ~ottom reverberation 
Fig. 8. Typical types of reverberation in forward looking sonar. 
wheres (t) is the transmitted signal, a. and 
]. 
are the random 
variables respectively related to the strength and the time delay 
of the returned signal from the i-th scatterer. 
S (t) = 
o < t < 
s 
(43) 
The parameters, f 2 , m , Ts I etc. were defined in Chapters 1 and 2. 
The audible noise produced by the demodulation of V(t) and S(t) 
is given by 
n 
N(t) S (t) V(t) l: a, exp [j 21T (mT, t - f2 ) ] 
'1]. ].S ].= 
(44) 
Therefore, if the following assumptions are valid: 
(i) The scatterers are evenly distributed with the 
annular region ~r I 
(ii) The strengths of the scatterers are statisticallY equal. 
then in stationary conditions, N(t) is a band limited pseudo-random 
noise signal having equal spacing and equal amplitude components, 
fai = m li ' i = 1 , n • 
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In dynamic conditions,tthe scatterers at two sides of the sonic 
beam have the relative range rates lower than that near the median of 
the beam. The frequency components of the noise signal due to 
reve rbl:l ration , 
(45) 
become unevenly spaced. However, if the number of scatterers in the 
annular region ~r is iarge enough so that the spacing between two 
successive frequency components is smaller than, say, 2 Hz (the 
minimum perceptible change in frequency [10]) the characteristics of 
noise due to sea reverberation under dynamic cond~tions will be 
similar to that under stationary conditions. As the boat moves 
about, the scatterers in a certain annular region ~r move towards 
the sonar system, and the scatterers in the annular vicinity ~r' 
will move in to fill up the region ~r at the same time. Therefore 
the total background noise produced by the CTFM sonar is heard as to 
be stationary, providi!:lg that no large individual scatterers are 
present in the sonic beam. 
Using the fishing sonat designed by Smith [11] (the system 
has four different range codes of 53.3 Hz/m, 26.7 Hz/m, 13.3 Hz/m and 
6.7 Hz/m for four different maximum ranges of 94, 188, 375 and 750 m), 
the research group led by Kay (University of Canterbury, New Zealand) 
during the period since September 1975 have carried out many tests on 
target detection at Lake Coleridge (200 m of water) and measured the 
noise due to sea reverberation at Tasman Bay (shallow, 20 m of water) . 
Figure 11 compares the noise due to sea reverberation in dynamic 
conditions and the pseudo random noise, while Figures 9 and 10 show 
the increase in noise level when the sonic beam hits the sea bed. 
Fig. g.-Noise due to sea reverberation, recorded at T~sma~ b~y, N.Z. 
(20m of water, sandy bottom). Transducers are of vertical 
180 
beam YI'idth of 25 deg., and tilt lO\de9~Ran~e code == 53.3 Hz/m. 
Result is analysed on the freqUency ~cale of 10 Hz/~~~ aver 
~iff~rentfreq~ency bands centered at: (a) 806 ~i. (b) 2000 Hz, 
(c) 2400 ~z, '(q) 2aoo'Hz, (e) 3~OO Hz, and (f) 4300 Hz. 
b 
c d 
e f 
Fig.la .• Spectra of noise due to sea reverberation in C.T.F.M. sonar. 
Range code is 53.3 Hz/m. Reference frequency = 0 Hz, 
scale = 1 kHz/em. 
(~) 'Top: tilt angle = 5 deg. (b) Top: t-ilt angle = 15 deg. 
bottom: tilt angle = 10 deg. bottom: tilt angle = 20 deg. 
Fig. 11.-Comparison of noise due to sea reverberation and pseudo-
random noise. 
(a) Noise due to sea reverber.ation in dynamic condition. 
Range code = 26.7 Hz/m, center frequency = 3000 Hz, 
scale = 10 Hz/cm. 
(b) Pseudo-random noise, spacing between two successive 
components is 1 Hz, center frequency = 3000 Hz, 
5cale = 10 Hz/cm. 
a b 
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7.6 REVERBERAtION LEVEL AND POWER SPECTRAL DENSITY 
OF AUDIBLE NOISE INCTFM SONAR 
It is seen in section 1.5 that the spectrum of audible noise 
due to sea reverberation is typically of the form (Fig. 12) 
Ariipli tude 
Target echo 
Volume Bottom reverberation 
Fig. 12. 
~f ~ 5kHz 
a 
Frequency 
A typical noise spectrum due to volume and bottom 
reverberation. Depending on the depth of water, 
more or less, bottom reverberation is presented. 
Echo signal is of a bandwidth ~f 
I a 
Since a finite target extending over an arbitrary range increment ~r 
is displayed by an audible signal of a bandwidth equal to 
~f 
a 
= 
2m 
C 
~r 
2m 
where <: is the range code of the CTFM sonar. 
(46) 
The least portion 
of noise which effectively masks the signal is then determined by the 
reverberation from the scatterers contained in the annular region ~r 
The purpose of this section is to provide a method to determine the 
sound intensity at the receiver due to reverberation from either 
volume scatterers or bottom scatterers occupying any arbitrary annular 
region ~r . In other words, to determine the power spectral density 
of noise due to sea reverberation. 
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Let the beam patterns of the projector and the hydrophone be 
denoted by P(O,1jJ) and H(O,1jJ) respectively, and the axial intensity 
of the transmitted. wave at unit distqnce be I 
o 
The source level 
is defined by 
S.L = 10 loglO Io (47) 
7.6.1 Volume Reverberation 
Considering an elemental volume, dV, of volume scatterers 
determined by the elemental solid angle dn, and nr I at a distance 
r (Fig. 13) 
dV = r2 dJ~ nr (48) 
Let S be the ratio of the intensity of the back scattering produced 
v 
by a unit volume, at a unit distance from the volume dV, to the 
intensity of the incident sound wave. The sound intensity 
reverberated from the volume dV, at the hydrophone is 
I S 
o v 
4 
r 
P(O,1jJ) H(O,1jJ) dv (49) 
Substituting equation (48) in (49), the total reverberation level 
due to back scattering from the annular region nr is given by 
R.L 
\IV 
10 log 
I ( S v nr J P (0 ,1jJ) H (0 ,1jJ) dn .. ) 
'r2 . 0,1jJ 
(50) 
where 
f P(O,1jJ) H(O,1jJ) dn (0,1jJ) (51) 
is constant and interpreted as the total equivalent beam width of 
the projector-hydrophone combination (see Appendix 6) . Thus 
R. L == 10 log (I • '¥ • S nr) 
v 0 v 2 
r 
(52) 
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Receiver,beam H(e,~) 
l 
Projector 
Transmitter beam p{e,~) 
Fig. 13. Geometric view of volume scattering. 
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Let K be a constant proportional to the mean squared voltage 
response of the hydrophone, and f 
a 
be the range coding frequency. 
The noise level due to this amount of reverberation is 
N.L 
v 
= 10 log ( K I • 'l' • s 
o v 
2m 
0-
C f 2 
a 
(53) 
The power spectral density of noise due to volume reverberation is 
then 
N.D 
v = 
10 log { K I • 'l' • s 
o v 
(54) 
which decreases with respect to frequency at a rate of 6 dB/oct , 
and is entirely deterministic whenever the volume scattering strength, 
10 log S , is known. 
v 
The typical s.catterers producing volume 
reverberation are the marine life and inanimate matter distributed in 
the sea and the inhomogenous structure of the sea itself. Barakos 
[13] showed that the volume scattering strength (measured at 24 kHz) 
decreases with depth at a rate of 5 dB/IOOO ft (equivalent to 1.67 dB/ 
100 m) from the value of - 77 dB (near the surface). An increase of 
5 to 15 dB of the scattering strength is observed when there exists a 
deep sea layer (Figure 14) . These layers were believed to be of 
biological origin [14,15,16], remaining at the depths between 300 and 
900 m during the daytime, and migrating to the surface at night. 
The scattering from these layers is· only significant at the 
frequencies lower than 40 kHz (resonant frequencies of small fish) 
[17] . The variation of the volume scattering strength with ~espect 
to frequency~(when no deep sea layers exist) is shown in Figure 15 
[18] • Within the frequency band from 40 to 80 kHZ, the variation of 
s is very minor, and 10 log S ~ - 92 dB • 
v v 
600 
.:: 1,200 
L 
a 
. ~, 1,809 
2,400 
3,000 '--'--';L---'----'-.....L_--J 
-90 -80 -70 
10 log S 
v 
600 
1,200 
1,800 
2,400 
L....-..:'-'--_-'--_...L.~ _ _' 3,000 
-90 -80 -70 
·10 log S 
v 
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Fig. 14. Volume scattering strength at .24 kHz versus depth as 
measured in two Pacific Ocean areas: (a) Guadalupe Island 
-110 
, -120 
-130 
10 
Fig. 15. 
area, latitude 290 N, (b) Queen Charlotte Island area, 
latitude 5loN. Dashed lines are estimated minimum values 
[19] • 
Frequency 
20 40 60 80 kHz 
Variation of volume scattering strength with frequency, 
averaged from data at nine locations at depth less than 
250 ft. [18]. 
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7.6.2 Bottom Reverberation 
Considering an ele~ental area t dA, of the scattering 
bottom at the position (r, e, 'l/J ) as described in Figure 16, 
wl).ere a is the position of the sonar system, r is the distance 
from 0 to dA, 6 and 'l/J are respectively the azmiuth and 
elevation of dA. 
dA = rl.\rde (55 ) 
Sound so.urce 
dA = r l.\r de 
Fig. ~6. Geometric view of bottom reverberation. 
Let SB('l/J) be the ratio of the intensity of the back scattering 
produced by a unit area, at a unit distance from the area d A I 
de 
to the intensity of the incident wave. SB('l/J) is a function of the 
incident angle 'l/J and depends on the roughness as well as the 
structure of the sea bed. Using similar manipulation, the total 
reverberation level contributed by the bottom scatterers in the 
annular regio~ l.\r is given by 
= 10 log ( IO 6.r: S (ljJ) f p{8,ljJ) H{8,ljJ) d8) 
r3 B 8 . 
(56) 
Now, if PI (8) , P2 {ljJ) and HI (8) , H2(1jJ) are respectively 
horizontal and vertic~l beam-patterns of the projector and the 
hydrophone, p(8,ljJ) and H{8,1jJ) can be approximated by: 
p(8,1jJ) (57) 
(58) 
Then 
(59) 
where 
(60) 
is a constant representing the horizontal combination beam width 
(see Appendix 6) . Let $ be the width of the vertical beam 
patterns, and suppose that they are idealized 
y-.t<tJJ<y.1 2 - 2 
=: 0 elsewhere (61) 
w~ere y is frequeptly called the tilt angle of the transducer. 
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SUbstituting equations (59), (60) and (6l) in equation (55), 
we have 
= (62) 
y_.t<tJJ<y+1jJ 
2 2 
According to equation (62), the bottom reverberation is a function 
of rand tJJ . However, if the vertical beam width ~ is not too 
o large, say, less than 30 , then SB<tJJ) can be considered as constant. 
Many workers [19 - 24] measured the bottom scattering strength, 
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10 log SB ' over a large range of frequency, at qifferent grazing 
angles, anq fo~ different types of sediment; and came to the similar 
conclusion that: 
(i) There a~pears to be no significant frequency dependence 
of bottom back scattering over a wide range, say, 7 octaves. 
(ii) There is a wide variation of the bottom scattering 
strength over different types of sea bed. Frequently, at grazing 
angles smaller than, say, 600 , the hard bottows have a much higher 
scattering strength than the soft bottoms. 
(iii) The variation of the scattering strength with respect 
to grazing angle can be described by Lambert's law for diffuse 
scattering from a rough surface (one constant) [28], 
10 log SB = - u + 10 log sin2 ~ (63) 
or may be better fitted with Burstein and Keane's equation [23] 
(Two constant) • 
10 log S = - a + b log tan ~ 
B 
(64) 
where the constant u, a and b are related to the types of the 
sea bed. The data given in Figure 17 show that the variation of 
the scattering strength, as ~ < 600 , is very little in comparison 
to its va~iation over different types of sea bed. The conditions of 
~ < 600 are frequently met in forward looking sonars. Consequently, 
if the vertical beam width $ is not too large, say, more than 300 , 
the approximation of SB to a constant in equation (62) is 
reasonable. If D is the qistance from the transducers to the sea 
bottom, the variable ~ can be replaced by 
-1 D 
siI). 
r 
(65 ) 
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AREA I DATA 
-32 +21 log tan ~ 
Lambert's law 
-- AREA II DATA 
-36 +17 log tan ~ 
Lambert's law 
AREA III DATA 
-43 +30 log tan ~ 
Lambert's law 
Bottom scattering strength plotted as a function of grazing 
angle ~. The bottom at area I (1500 fathoms of water) 
'and at area III (2050 fathoms of water) is composed of mud. 
The bottom at area II (350 fathoms of water) appears to be 
coral [23]. 
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Hence the reverberation level contributed by the annular region r 
is 
= 
where D < 
10 log ( I 
o 
r < 
D 
sin(y _ <P ) 
2 
b.r 
0-
3 
r 
The corresponding noise level is 
= 
2 b.f 
10 ( C( (2m) a log KO I ° Q ° S 0 
o B C f 3 
where 2m 
C 
D 
And the noise density is 
< f < 
a-
D 
(2~) 2 ) 
a 
(66) 
(67) 
(68) 
This decreases with respect to frequency at a rate of 9 dB/oct. 
Data given by McKinney and Anderson [24] are reproduced in Figure 18 
for use in calculating the reverberation or noise level. 
7.7 SONAR EQUATION AND MAXIMUM DETECTABLE RANGE 
Considering a finite target situated at a distance r from 
the source and extended over an interval b.r . 
as defined in section 7.2, is 
T.S 
Irl 
= 10 log --I. 
]. 
Its target strength, 
If 6
0 
and ~o are the azimuth and elevation angles of the 
target, the level of the signal returned from the target to the 
hydrophone will be 
.. 
en 
:i 
G Q-ZO 
£>: 
-t; 
~ 
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o 
N 
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Fig. 18. Bottom scattering strength as a function of grazing angle, 
~ , for a f+equancy of 100 kHz. Symbols are the same as 
given in Table II. (Reproduced from [24]) 
Table II. Description of different types of sediment. 
:::::: 
Area Sediment descriptio!,! Mean dillm el elf>. Sand 
Percent 
Silt Clay Gravel and shell 
A Fine sandy mud 0.002 mm 0.00013 26 74 
B Medium sandy clay 0.011 0.00074 35 16 48 
C Muddl fine sand 0.013 0.00087 40 28 32 
D Very ne sandy mud 0.017 0.00113 46 31 2J 
E Silty fine sand 0.068 0.00454 69 19 8 4 
F Clay~ medium sand 0.10 0.00667 72 10 17 
G Mud ~ fine sand 0.148 0.00987 84- 8 8 
H Mud- and 0.23 0.0154 90 5 5 
I Sand 0.24 0.016 97 2 
k Medium Rnd 0.4 0.0266 91 1 8 Medium Rnd 0.4 0.0266 
L Sandy pebble gravel - 3.2 0.213 33 2 6S 
M Sandy pebble gravel U - 0.28 28 10 
N SaUd rock 
0 SaUd coral, huge chunks 
coral growth 9-4 2 2 
= 
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I I 
rl E.L := 10 log ( ~ p (8 ,l/J ) H(8 ,l/J ) 
o 0 o 0 I. 
(69) 
r 1 
t 
or E.L = 10 log ( ~ p (8 , l/J ) 1I (8 ,l/J ) ) + T.S 
o 0 o 0 
( 70) 
r 
E.L is called the echo-level. 
Since the target is extend.ed or is an interval 6r, at least 
the echo signal is interfered with by the reverberation from all the 
scatterers inside the annular region 6r occupied by the target. 
Depending on whether the sonic beam hits the sea bottom at the range 
r t or not, either equation (52) or equation (66) will be used to 
calculate the reverberation level. Supposing that the target is 
near the axis of the transducer beam so that 
P (8 , l/J) !::! H (8 ,l/J) !::! 1 
o 0 0 0 
(71) 
Then the m~imum echo to reverberation ratio (in dB scale, it is 
equal to the difference EL - RL) is given by either 
E.L - R.L = 
or 
2 T.S - 10 log '¥ - 10 log (S • r • f1r) 
v 
(volume reverberation) 
(72) 
E • L - R. L = T • S - 10 log (3 - 10 log (S • r • 6r) ( 73) B B 
(botto~ reverberation) 
At the output of the demodulator, the signal level given by the 
target is 
S.L 
41 
10 log (K (2m) ~) + T.S 
C f 
a 
( 74) 
Therefore the signal to noise ratio over the bandwidth of the signal 
is either 
S.L - N.L ::: 
v 
2 C 3 
T.S. - 10 log '¥ - 10 logeS Of ·6f • (-) ) (75) 
v a a 2m 
(volume reverberation) 
or 
S.L - N.LB 
. C 2 
T.S. - 10 ~og e - 10 logeS of ·~f .(--) ) B . q. . a2m 
(bottom reverberation) 
(76) 
If the target is so smp.ll that its coding sound is a pure tone, 
equations (75) and (76) become 
2 3 
S.L - N.D = T.S - 10 log ~ - 10 log (S Of .(~) ) (77) 
v v a 2m 
and 
C 2 
S.L - N.DB :=: T.S - 10 log e - 10 log (S of ·(-2 ) ) (78) Bam 
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where N.D and N.D were defined previously as the noise densities 
. v B 
due to volume reverberation and bottom reverberation. (S.L - N.D) 
is expressed in dB per Hz. 
Thus, provided that the output signal of the CTFM demodulator 
is analysed on the band pass filters whose widths are as narrow as 
the displayed signal band width, the criterion for a target to be 
detectable is that its signal to noise ratio (per signal band width) 
is, at least, greater than 0 dB. 
Example 2. A fish shoal having target strength T. S = - 7 dB 
(about 500 fish, each of individual strength - 34 dB) extends over 
~r :=: 5 m. 
(i) Deep water. The volume scattering strength is 
The total equivalent beam width of the 
projector-hydrophone combination is 2 ~ :=: 0.1832 rad , or 
10 log ~ - 7.37 dB (see Appendix 6) . Solving equation (72), 
the maximum range that the shoal is just detectable is r = 4667 m • 
max 
Even in the worst case, 10 log S :=:. - 70 dB, r = 1476 m . 
v max 
(ii) Shallow water. The horizontal combination beam width 
or 0.423 rad , 10 log e:=: -,3.74 dB (see Appendix 6) • 
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If the beam hits a sandy bottom having scattering strength of 
10 log SB = - 30 dB at a range shorter than the target range 
then the maximum detectable range of the shoal given by equation (73) 
is r = 94 m • 
max 
However, if the syste~ is operated at an area of 
muddy bottom, 10 log SB ~ - 40 dB , the same shoal of fish can be 
detected at a maximum range of 940 m • 
SOME EXPERIMENTAL RESULTS 
Since 1975, a small group of researchers from the University 
of Canterbury (Kay et al.) has carried out many trials at different 
areas of New Zealand water, using the binaural fishing sonar described 
in chapter 1. The audible sound displayed by this sonar was recorded 
on magnetic tapes. A few samples of the recorded sound were 
analysed. These results are as follows: 
1) In a trial at Lake Coleridge (200 metres of water) 
it was found that, at 40 m depth, a 20 in. steel sphere could still 
be detected at a range of almost 600 metres. A sample of the 
recorded sound was analysed and its result is shown in Figure 19. 
The 3345 Hz tone given by reflection from the sphere could be heard 
clearly and is comparable to a single tone of the same frequency. 
The sonar was operated at the range code of 6.67 Hzlm in this 
experiment. Thus the sphere was detected at a range of 517 metres. 
The target strength of the sphere is T.S =, - 18 dB. If 
the volume scattering strength is 10 log S = -85 dB v 
total equivalent beam width of the projector-hydroplane 
in dB is 
the (SiN) 
10 log IJ! = - 7.37 dB (see Appendix 6) , using 
ratio per Hz given by the sphere will be 
S.L - N.D = 28.6 dB per Hz 
v 
and the 
combination 
equation (77) 
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a b 
Fig. 19. Experiment at Lake Coleridge, N.Z. (200 m of water) f 
20 in. diameter stee 1 sphere detected by binaural sonar 
at range of 517 m. Range code = 6.7 Hz/m. 
Analysis shows tone detected at 3345 Hz. 
(a) Center frequency = 4000 Hz, scale = 200 Hz/cm 
(b) Center frequency = 3400 Hz, scale 20 Hz/cm. 
The critical bandwidth of the ear at the frequency of 3400 Hz 
is about 550 Hz [25]. Hence the least (S/N) ratio per Hz required, 
so that the 3400 Hz tone is just audible, is 27.4 dB. 
2) At Tasman Bay (22 m of water, sandy bottom), it was found 
tha t a triplane of 18 in. edge and - 5.9 dB target strength could 
not be detected at a range further than 70 m . 
The sonar was operated .at the range code of 26.67 Hz/m. 
At r = 65 m , f 
a 
1734 Hz. If the bottom scattering strength is 
10 log SB - 30 dB, and the horizontal combination beam width e 
in dB is 10 log e := - 3.74 dB (Appendix 6), using equation (78), 
the (S/N) ratio per Hz given by the tri-plane is 
S.L- N.Db = 24 dB per Hz 
According to the critical band theory, 24 dB is the least 
(S/N) ratio per Hz required so that the 1734 Hz tone is just audible. 
It should be noted that .the vertical beam width is equal to 250 • 
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o If the sonar is tilted at an angle of 10 , the sonic beam will hit 
the bottom at r > 58 m • 
3) An artificial shoal of fish was designed and tested at 
Lake Coleridge. The simulator is formed by forty hollow spheres of 
11.5 em diameter, which are hung on a 10 m length frame made of 
aluminium tubing (Figure 20). The cross section of each sphere is 
104 cm 2 and is equivalent to that of five average fish (60 em long). 
So the simulator is equivalent to a shoal of about 200 fish. The 
total target strength is T.S = -14.8 dB. To sink this artificial 
snoal into water, each sphere was filled with an amount of lead shot 
wnich is just heavy enough to sink the sphere. The lead shot 
occupies only one-thirteenth of the hollow of the sphere. 
The artificial shoal was sunk into water at a depth of 24 m, 
and the sonar system was operated at the range code of 26.67 Hz/m . 
The maximum detectab+e range of the shoal was about 150 m (a faint 
tone of average frequency about 4000 Hz could be heard and is 
comparable to a pure tone of the same frequency. Note that the 
maximum operating range of the sonar was only 180 m at the range 
code of 26.67 Hz/m.) Figures 2l(a) and (b) show the spectra of 
the audible signal given by the shoal target at the ranges of 120 m 
(audible frequency ~ 3200 Hz) ~d 90 m (audible frequency ~ 2400 Hz) 
respectively. The bandwidth of the signal is from 260 Hz to 300 Hz. 
Applying equation (75), the (S/N) ratio over the signal bandwidth 
is found to be: 
S.L - N.L
v 
26 dB at 120 m range 
24 dB at 150 m range.· 
These data suggest that the artificial shoal has a target 
strength large enough to be detectable at the maximum operating 
range of the sonar system. 
Fig. 20. 
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An artificial shoal target. Forty ll.50 diam. hollow balls are hung on an 
aluminium frame extending over 10 metres. f-' ~ 
co 
a) Signal returned from the 
artificial shoal at a range 
of 120 m (a complex tone of 
center frequency equal to 
3200 Hz can be heard and 
compared with a single tone 
of the same frequency). 
Scale ~ 200 Hz/cm. 
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b) Signal returned from the 
artificial shoal at a range of 
c) 
90 m (a complex tone of center 
frequency equal to 2400 Hz can 
be heard and compared with a 
single tone of the same frequency). 
Scale = 100 Hz/cm. 
Signal returned from the 20 in. 
diam. sphere ar a range of 108 m 
(audible frequency = 2 900 Hz). 
Scale = 100 Hz/cm. 
Fig. 21. Comparison of echoes given by a sphere 
and an artificial shoal. 
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aowever, since during the time the artificial shoal was being tested 
- (a) it was not sunk deep enough, and (b) the lake was very rough -
therefore as the transducer was elevated to aim at the target at a 
long distance the sonic beam hit the rough water surface. Strong 
surface reverberation masked the target echo completely. This also 
happened to the 20 in. diameter sphere when it was tested in the 
same con.ditions. The sphere, at a depth of 21 m under water, could 
not be detected at a range further than 150 m (it should be remembered 
that in trial 1 this sphere, at 40 :rrt depth, could be detected from 
a distance of 600 m when the water surface was just choppy calm). 
Figure 2l(c) shows the signal given by the when detected at 
the range of 108 m (audible frequency = 2900 Hz). Counting the 
number of components of the complex signal in Figure 21 (b), and 
comparing its average amplitude with the amplitude of the signal 
given by the sphere, it is found that the total power of the complex 
signal is about 6.16 dB higher than that of the signal given by the 
sphere. However, since the sphere. is further than the artificial 
shoal, the loss of the echo from the sphere is 3.29 dB higher than 
that of the echo from the shoal. Hence the target strength. of the 
shoal is about 2.87 dB higher than the target strength of the sphere. 
Note that, theoretically, the target strength of the shoal is -14.8 dB 
and target strength of the sphere - 18 dB. 
4) Recently (February, 1977), during the trials along the 
coastal area near Whangarei (30 to 40 fathoms of water) it was found 
that a sonar operator could easily distinguish the sound given by a 
pinnacle from the sound given by a shoal of fish. The sound returned 
from a shoal was always wobbling and musical, due. to rapid movements 
of fish (the movements of fish caused both amplitude modulation and 
frequency modulation in the displayed sound due to rapid variations 
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a b 
c d 
Fig. 22. Comparison of the frequency spectra given by La) a pinnacle 
at 555 m (audio frequency 3700 Hz) , (b) a shoal of fish 
at 450 m (audio frequency 3000 Hz) , (c) a shoal of fish 
at 255 m (audio frequency = 1700 Hz) , and (d) fish around a 
pinnacle at 570 m (peak frequency = 3800 Hz) . 
The sonar was operated at 8 sec. sweeps, 
range code = 6.67 Hz/m .. Scale on these pictures is 
1 kHz/cm. Reference frequency = 0 Hz (first spike). 
a) Sound spectrum obtained when 
approaching a shoal of fish in 
front of a pinnacle. The sonar 
waS operated at 2 second sweeps, 
range code == 26.67 Hz/m • 
The pinnacle is at a range of 
98 m (highest peak at 2600 Hz). 
Scale = 1 kHz/cm. 
Reference frequency 
(first spike). 
o Hz 
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b) Sound spectrum obtained 
when detecting a shoal of 
fish at a range of 495 m 
(center frequency of this 
spectrum is 3300 HZ). 
Scale == 500 Hz/cm. 
The sonar was operated at 
8 sec. sweeps. 
Fig. 23. Sound spectra given by two shoals 
of fish in different situations. 
of the back scattering cross-sections of the individuals with 
respect to the incident angles of the transmitted waves as well 
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as the Doppler shifts of the echoes), while the sound returned from 
a pinnacle resembled a narrow band, stationary tone. Fish living 
near rock could be recognized from a long distance of almost 600 ~ 
due to the modulation characters introduced into the echo from the 
rock. The wObbling of the sound became more pronounced as a shoal 
was approached. Different samples of sound were analysed, and 
their frequency sepectra are shown in Figures 22 and 23. Frequently, 
the detected shoals still produced very clear ringing sounds a~ a 
range of 500 m. Large individual fish crossing the sonic beam 
quickly were also frequently detectable. 
7.8 CONCLUSION 
Methods for use to estimate the average target strength of 
a shoal of fish, and the reverberation level in a CTFM sonar system, 
were presented in this chapter. The examples and the experimental 
results given in the context have elucidated the application of 
these methodsinfish~finding~problems. The latest results proved 
that the binaural sonar can perform the fish-finding tas~ very well 
'at areas having more than 30 fathoms of water. The capability of 
distinguishing shoals of fish from rocks quickly during the short 
tracking period is a special character of the CTFM sonar using 
binaural display. Smith discussed the possibility of improving 
the detectability of the modUlated sound from noise in [11] (the 
modulation due to the movements of fish). A of laboratory 
experiments were carried out to determine the enhancement of the 
detectability qualitatively when the frequency modul~tion is 
presented. These will be described in chapter 8. 
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CHAPTER 8 
DETECTION OF FREQUENCY MODULATED 
MULTIPLE COMPON ENT TONES I N NOISE 
CHAPTER 8 
DETECTION OF FREQUENCY MODULATED 
MULTIPLE COMPONENT TONES IN NOISE 
8.1 INTRODUCTION 
To predict the masked threshold of a signal in noise, 
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one frequently refers to the critical band theory. Fletcher [1), 
in 1940, postulated that of all the frequencies in a wide band noise, 
only those lying within a certain band would produce masking of a 
pure tone whose frequency lay in the middle of the band. This 
critical bandwidth is dete:tInined by increasing the bandwidth of the 
masking noise from a few Hz until the masked threshold of the signal 
does not increase any more. According to Fletcher and Munson [2) 
and Hawkins and Stevens [3], the critical band may also be defined 
as the bandwidth of noise whose overall energy is equal to the energy 
of the pure tone in the center of the band when the tone is just 
barely masked by the noise. A corrolary of this second definition 
is that a critical band is the bandwidth of noise whose absolute 
threshold is equal to the threspold of a pure tone in the center of 
the band [4). The critical bandwidths measured according to these 
three definitions are very close together. Besides, the third 
definition implies that the energy of a signal contained in a 
critical band is summated. 
Zwicker et ala [5,6) showed that when the bandwidth of a 
multiple component tone is increased, the loudness remains constant 
until a critical point is reached, after which the loudness increases. 
The same effect occurs when the stimulus is a narrow band of noise. 
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The critical bandwidth at which the loudness sununation begins to 
depend on the sI:>J:ead of energy is approximately the sa:rqe as that 
determined by methods involving (i) "thresholds, (ii) masking, and 
(iii) phase [7,8,9]. In the first method (i), the procedure is to 
fin~ the threshold of a single tone, then repeatedly add, one at a 
time, a component spaced 10 Hz lower and reduce the amplitude of all 
individ~al components equally to find the resulting threshold of the 
complex tone. There will be a critical point where no further 
decrease in amPlitude of the components "occurs. This determines 
the critical band. In the second method (ii), a narrow band of 
noise is placed midway between two pure tones of equal amplitude, 
and the threshold of the noise is repeatedly measured as the two tones 
are moved further apart in frequency. It found that the threshold 
of the noise remains constant until the separation between two tones 
reaches a critical value, after which it decreases quickly. In the 
third method (iii), Zwicker [9] measured the just detectable 
modulation (in terms of the amplitudes of the side bands) of the 
frequency modulated sound and the amplitude modulated sound, and 
found that modulation of the latter sound is more easily detectable. 
However, as the rate of modulation increases and the side bands are 
spread wider apart, a point is reached beyond which the just detectable 
modulation is the same for both kinds of sound - the critical band as 
measured directly by these methods is about two and a half times as 
wide as the critical band derived by earlier work [1 - 4]. Scharf 
[10,11] studied the loudness of complex sounds and found the same 
results as in [5 - 9]. These results were surprisingly corroborated 
by Hamilton [12] and Greenwood [13] when they used Fletcher's method 
to measure the critical band. Swets et al. [14] proposed that 
different assumptions about the shape of the band by the above 
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mentioned workers resulted in widely varying estimates of the critical 
bandwidth. 
One of the purposes of this chapter is to investigate the role 
of the critical bands in the summation of power of a complex tone when 
it is masked by wide band noise. Schafer and Gales [15] measured the 
detectability of the two, four and eight component tones masked by 
noise in the frequency region from 600 to 1500 Hz, and showed that the 
thteshold of the complex tones can be improved from 0 to 3 dB even 
when all the individual components are separated from each other by 
~ore than one of Fletcher's critical bands. These results were 
supported by Green's data [16J. However, Marill [17] used four 
frequencies of 500, 540, 1060 and 1100 Hz and found that the power 
summation only occurs for the frequency pair 500 and 540 Hz, not for 
the pair 5'00 and 1100 Hz. The data given by these authors [15 - 17] 
are at low frequencies only. They are not adequate to describe the 
detectability in the aUditory_space generated by the binaural sonar. 
Further investigation is then given to the case when the 
multiple component tone is modulated in frequency. It will be shown 
that the detect~bility of a frequency modulated multiple component 
tone can be improved in this dynamic situation to an extent that the 
'critical band theory fails to apply. 
8.2 DETECTION OF MULTIPLE COMPONENT TONE' IN NOISE' (EXPERIMENT 1) 
The objective of the experiment is to determine the 
detectability of multiple component tones masked by noise. The noise 
used is the pseudo-random noise having a line spectrum of 1 Hz spacing 
between two successive components. This kind of noise was chosen for 
the experiment because it resembled the noise due to sea reverberation 
in the fishing sonar better than the white noise when the spectra of 
these noises were compared (see chapter 7) • Besides, since the 
pseudo-random noise has a spectrum of one line per Hz, its power 
spectrum density (power per Hz) is also the power of each line. 
So, to simplify the calculation of the noise power in a certain 
frequency band of bandwidth W Hz (hence there are W lines) it 
is assumed 
Noise power in a 
frequency band W 
(in dB) 
Power spectrum density, 
or power per line 
(in dB) 
+ 10 log W ( 1) 
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The multiple component tones are of 8 Hz spacing between two 
successive components, and have the. bandwidths of lOO Hz (hence 
12 components) and 60 Hz (7 components). The center frequencies 
of these tone groups are 515, 1020, 2020, 3020, 4000 and 4500 Hz. 
8.2.1 The Simulation 
To produce the signals and the noise used in this experiment 
three pseudo-random noise generators were specially built. The 
detailed design is shown in appendix VII. The generator can produce 
a flat line spectrum in the frequency region from 0 to 50 kHz 
whose line spacing can be selective among 32, 8, 4, 1 Hz per line, 
2, 4, 8, 32 lines per Hz, ~d almost white noise (2048 lines per Hz). 
Two generators set at 1 Hz per line were used to simulate a direct-
ional noise field by partially cross correlating the two independent 
noise. sources after limiting their frequency spectra from 0 ·to 5000 Hz. 
The arrangement to produce this noise field is similar to that in 
chapter 6 and appendix III. 
The third noise generator was set at 8 Hz line spacing and 
used to generate the multiple component tones. For example, to 
generate the multiple component tones of 100 Hz bandwidth, the noise 
source is passed through a low pass filter of 50 Hz bandwidth and then 
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mul tiplied with a single tone (carrier) of frequency equal to the 
center frequency of the desired complex tone. A voltage controlled 
oscillator was used to generate the carrier, so its frequency (hence 
the cente::j:: frequency of the complex tone) could be easily controlled 
by a voltage function V(t). In the first experiment no frequency 
modulation is involved, so 
V(t) v (0) (2) 
The intensity of the complex tone could be varied in twenty 
steps of 1 dB each and was set near is masked threshold. Figure 1 
shows the arrr.angement to generate the complex tone, and Figure 2 shows 
the spectrum of a. 100 Hz bandwidth tone when analysed on the Tektronix 
frequency analyser type IL5, at dispersion of 20. Hz/cm and resolution 
of 10Hz. Equipments were arranged as in Figure 3. 
During all experiments, the noise field was set at a fixed 
level. The total noise level over the frequency spectrum from 
o to 5000 Hz in each ear was 60 dB (ref. 0.0002 dyne/cm ). 
The 100 Hz noise bands of center frequencies equal to 515, 1020, 2020, 
3020, 4000 and 4500 Hz were also measured since the total noise 
spectrum was not perfectly flat (varying within ± 2 dB) over the 
frequency range from 0 to 5000 Hz. The detectability of a complex 
signal was measured by the signal to noise ratio per signal bandwidth 
(i.e. over the same frequency band of the signal) at its masked 
threshold. The experimental procedure is as follows. 
8.2.2 Procedure 
To determine the threshold of a signal masked by noise, the 
method of limits is one of the most frequenly used methods [18]. 
The masked threshold is defined by the signal to noise ratio 
corresponding to the detection of the signal by a subject on 50 per 
cent of the trials. 
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Two kinds of stimulus series are genera11¥ employed: (1) an 
ascending series and (2) a descE!nding series. These respectively 
correspond to increasing and decreasing the signal to noise ratio 
until the masked threshold is met. Obviously in the descending series 
a subject knows well how the detected signal sounds while in the 
ascending he has to guess or remember (if he has been trained) 
what the signal is going to be. Therefore the results given in 
two proced~res are different. The experimenter may carry out both 
procedures then find the average. 
During the pre-tests of this experiment it was noticed that 
the detectabi1ity of a signal in noise is also dependent on its 
transient turn-on. Wear the masked threshold it is always more easy 
to detect a signal which is switched on suddenly from a completely off 
level (-~ dB signal to noise ratio) than to detect a signal whose 
intensity is raised gradually through several steps below its masked 
threshold, when the experimenter turns the knob of a rotary switch in 
a natural manner. The latter procedure may result in a masked 
threshold of about one to two dB higher than that determined by the 
former procedure. Lengthening the duration of turning the knob does 
not show any more effect on the detectabi1ity. 
The purpose of this experiment is to determine the detectabi1ity 
of the complex signal in noise in such a condition that resembles the 
situation of operating a fishing sonar. Here (in the case of the 
fishing sonar) the sonar operator is continuously presented with noise 
due to sea reverberation, and then a complex signal of arbitrary 
intensity and arbitrary frequency moves into his auditory space. 
This signal of arbitrary amplitude (due to targets of arbitrary size) 
is not suddenly switcheq on since the transducer beam is not idealized. 
The frequency of the signal is arbitrary since while the sonar is being 
operated, the transducer beam must be tilted at a certain angle, 
hence a deeper target always meets the sonic beam at further 
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range (target range is proportional to the range coding frequency) • 
Thus the experimental procedure WaS designed as follows. 
The subject sat in an anechoic chamber and listened to 
the noise which was presented to him binaurally. Before the 
experimenter began to record the results, the subject had a short 
training period to become familiar with the signals of different 
intensities and different frequencies which were randomly introduced 
into the noise field to which he was listening. During the 
experiment the subject was instructed to listen to the sounds 
presented continuously in his headphones and was forced to answer 
the question "Do you hear the signal" by using "Yes" or "No" buttons 
whenever he saw a bulb light up. 
The experimenter's task was to introduce a signal into the 
subject's headphones by turning a rotary switch to raise the 
intensity of the signal from _00 dB (no signal) to a certain level, 
he then pushed a·button to question the subject if he could hear 
the signal. The frequency and the level of the signal were 
randomly chosen when the experimenter received the answer from the 
subject ("Yes" or "No" lights), he made an entry into a table at 
the tested frequency and SiN ratio - an entry u+" for a "Yes" 
answer and "_" for a "No" answer - then reset the signal level to 
- 00 dB before a new trial was commenced. The experimenter could 
occasionally question the subject if he could hear the signal 
without introducing any signal into the subject's headphones 
to verify the subject's judgement. A "No" answer had to be 
given by the subject in this case every time. 
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8 • 2 • 3 Re sul ts 
Five subjebts were used in these experiments (Sl' S2' etc.). 
Complex signals of center frequencies equal to 515, 1020, 2020, 3020, 
4000 and 4500 Hz were presented equally to both ears (no I.A.D ones) . 
The signal bandwidth .is 100 Hz in the first series of tests. Since 
the signal level varied in steps of one dB, it was found that when 
the signal to noise ratio was near the threshold, the percentage of 
detection was not always equal to 50% - an increase of one dB in the 
signal level could change the percentage of detection, say, from 30% 
to 80%. In this cas~ the higher SIN ratio was chosen to be the 
masked threshold. The results given by five subjects in the first 
series of trials are shown in Table 1. 
TABLE 1: Masked threshold of complex signal having 100 Hz bandwidth 
Signal to Noise Ratio per signal bandwidth at masked threshold (dB) 
Frequency (Hz) Sl S2 S3 S4 S5 
515 2 3 2 4 6 
1020 1 1 1 2 0 
2020 1 1 2 2 0 
3020 1.5 1.5 3.5 2.5 0.5 
4020 4 2 5 5 4 
4500 5.5 4.5 4.5 5.5 5.5 
Only subject 5 shows a strange performance - very gOQd detectability 
in the frequency region from 1000 to 3000 Hz, but poor detectability 
at 515 Hz. If the critical band of the ear is broader than the 
bandwidth of the complex signal, and if the power summation hypothesis 
. applies, the critical bandwidth can be determined by 
Signal to noise ratio per signal 
bandwidth at masked threshold = 
critical bandwidth 
10 log signal bandwidth ( 3) 
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The average masked threshold of five subjects is converted into the 
critical bandwidth in Table 2. In this table, the critical 
bandwidth at the center frequency of 515 Hz is not shown since the 
signal bandwidth (100 Hz) is larger than the critical bandwidth at 
thi s frequency. High masked threshold was obtained, perhaps because 
the complex signal was spread over more than one critical band. 
TABLE 2: The critical bands 
center frequency Criticp.l bandwidth t:.f 
f (Hz) t:.f (Hz) f 
1020 126 0.124 
2020 132 0.065 
3020 155 0.051 
4000 251 0.063 
4500 324 0.072 
To verify this hypothesis, the experiment was repeated with 
the narrower band signals. Two subjects, Sl ahd S3 ' were 
seated for the tests with signals of 60 Hz bandwidth, and these 
results are compared with their performances in the tests with 
signals of 100 Hz bandwidth in Table 3. 
It is obvious that as the bandwidth of the signal is reduced 
to 60 Hz, the power of the 515 Hz complex signal can be summated 
and the detectability is improved. At higher frequencies, the 
results obtained in the two tests using comple~ signals of 60 Hz and 
100 Hz bandwidths must be considered as very close since the er+or in 
the measurements of the masked threshold can be up to ± 1.5 dB. 
(This includes the error of 1 dB in determining the signal level at 
the masked threshold, and the error in measuring the power of a noise 
band. ) 
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TABLE 3: Comparison of the dete,ction-performance of subjects 81 
and in two different tests using complex signals of 
60 Hz and 100 Hz bandwidths, 
(SIN) per 60 Hz band- (SiN) per 100 Hz 
width at M.T bandwidth at M.T Frequency (in dB) C.B 2 (in dB) C.B 1 
Hz Sl S3 Average Hz Sl 8 3 Average Hz 
515 1.5 1.5 1.5 85 2 2 2 
1020 2 2 2 95 1 1 1 126 
2020 2.5 2.5 2.5 107 1 2 1.5 141 
3020 4 4 4 151 1.5 3.5 2.5 178 
4000 6.5 5.5 6 239 4 5 4.5 282 
4500 8.0 6.0 7 301 5.5 4.5 5 316 
C.B
1 Critical bandwidth calculated from measuring the masked threshold of 100 Hz bandwidth signals. 
C.B2 Critical bandwidth calculated from measuring 
threshold of 60 Hz bandwidth signals. 
the masked 
A comparison of the critical bands measured in this experiment 
with the critical bands measured by Hawkins and Stevens [3] and 
Zwicker [5] is shown in Figure 4. These results are discussed in 
section 8.5 
8.3 DETECTION OF FREQUENCY MODULATED MULTIPLE COMPONENT TONE 
IN NOISE (EXPERIMENT 2) 
The purpose of this experiment is to examine'the effect of 
frequency modulation on the detection of the complex tone. Sawtooth 
frequency modulating function is used to control the center frequency 
(the carrier frequency) of the multiple component tone. This can 
partly resemble the Doppler effect in the F.M sonar without making 
the problem too complicated. 
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Hence the voltage function vet) in Figure l becomes 
Vet) = v(o) - ex. t s 
where ts varies from 0 to 3 seconds then resets during a 
blanking period of 0.2 sec ~hus, the repetition period, 
(4) 
T 
s 
is equal to 3.2 sec. The constant (l is set so that a sawtooth 
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cyclic variation of 100 Hz is obtained. Hence the center frequency 
of the complex tone is 
f = f(o) - 33.33 t 
s 
in Hz (5) 
where f(o) is equal to 515, 1020, 2020, 3020, 4000 and 4500 Hz. 
Signals of 100 Hz bandwidth are used in this experiment. Using the 
same experimental procedure, the results given by five subjects, 
S 1 - S5 I are as follows. 
TABLE 4: Masked threshold of frequency modulated multiple 
component tones having bandwidths of 100 Hz. 
The sawtooth cyclic variation is 100 Hz. 
signal to Noise Ratio per signal bandwidth at masked threshold 
Frequency 81 82 S3 S4 85 (Hz) 
515 2 2 1 3 4 
1020 1 1 l 2 0 
2020 1 0 0 2 -1 
3020 1.5 -0.5 1.5 2.5 0.5 
4020 4 2 2 5 3 
4500 4.5 3.5 3.5 5.5 3.5 
Little improvement on the detection performance is seen on the 
results given by two subjects, 81 and 84 . But significant 
improvement on the detection Performance of the other three subjects, 
S2 ' 8 3 and 85 ' are obvious. The two negative entries. - 0.5 and 
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-l dB in Table 4 may mean that at the frequencies of 3020 Hz and 
2020 Hz respectively, subjects S2 and S5 could detect those 
F.M signals whose power levels are even lower than the power levels 
of the noise bands occupied by the signals. However, since the errors 
in determining the masked thresholds could be up to 1.5 dB, the above 
results are not unquestionable. on average, in the frequency region 
from 1000 to 3000 Hz, the masked threshold of these F.M signals is 
between 0 and 1 dB. The band of noise which effectively masks the 
signal approximates the bandwidth of 'the signal of 100 Hz. At 4000 
and 4500 Hz, the bands of noise effectively masking the F.M signals 
are reduced to 209 and 257 HZ respectively. At 515 Hz, although 
the summation of the signal power is not possible yet, because the 
signal bandwidth is larger than the critical band, the detection 
performance of the subjects are improved by up to 2 dB. 
8.4 THE EFFECT OF INCREASING THE FREQUENCY MODULATION RATE 
ON DETECTION PERFORMANCE (EXPERIMENT 3) 
We wish to examine the effect of increasing the frequency 
modulated rate on the detection performance. 
function V(t) be set at 
v(t) v(o) - 2 ex t 
s 
Let the voltage 
so that the complex tone is modulated at a double rate. 
The centre frequencies of the complex signals are 
f (t) = f(o) - 66.67 t 
s 
in Hz 
where f(o) is equal to 1020, 2020, 3020, 4000 and 4500 Hz. 
(6) 
( 7) 
Since the repetition period is still kept at 3.2 seconds, a sawtooth 
cyclic variation of 200 Hz is now obtained. 
complex tones is still equal to 100 HZ. 
The bandwidth of the 
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Repeating the experiment with subjects S2,' S3 and S5 ' 
who show more sensitivity to the frequencY,modulation in experiment 2, 
the following results are obtained (Table 5). 
TABLE 5: Masked threshold of frequency modulated multiple 
component tones of 100 Hz bandwidth. 
The sawtooth cyclic variation is 200 Hz. 
Signal to Noise Ratio per signal bandwidth at masked threshold 
Frequency (Hz) S2 S3 S5 
1020 0 1 0 
2020 -1 -1 -1 
3020 
- 0.5 1.5 - 0.5 
4000 1 2 2 
4500 2.5 3.5 2.5 
At the frequencies of 4000 and 4500 Hz, the detection 
performance of these subjects is further improved in comparison to 
the results in experiment 2. The bands of noise effectively masking 
the 4000 and 4500 Hz signals are now equal to 148 and 193 Hz 
,respectively. At lower frequencies, from 1020 to 3020 Hz, more 
negative entries appear in Table 5. However these results still do 
not show sufficient evidence to make any further conclusion about 
the detection performance of these subjects but that the band of 
noise which effectively masks an F.M complex signal is, ,on average, 
approximately equal to the signal bandwidth (100 Hz in the above 
tests) . This conclusion also implies that if the bandwidth of the 
F.M complex signal is further reduced, the band of masking noise may 
be reduced further also. To find evidence for this, the signal 
bandwidth was reduced to 60 Hz, and the experiment was repeated with 
subject S2 • It is found that the bands of noise effectively 
masking the 1020 and 2020 Hz signals are equal to 60 Hz (see 
Table 6) • 
TABLE 6: Masked threshold of the FM signals having bandwidth of 
60 Hz, and the bands of eftectively masking noise. 
The sawtooth cyclic variation is 200 Hz. 
Masked threshold of 60 Hz Band of 
Frequency bandwidth signals masking noise 
Hz dB Hz 
1020 0 60 
2020 0 60 
3020 1.5 85 
4000 4 151 
4500 5.5 213 
8.5 DISCUSSION 
The critical band derived from the masked threshold of a 
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complex tone measured in experiment 1 is obviously very close to the 
critical band found by Hawkins and Stevens [3] when measuring the 
masked threshold of a pure tone. This also agrees with the results 
given by [1,2,4],and proves that the power of individual components 
of a complex signal having a bandwidth smaller than the critical band 
is summated. (According to the results of experiment 1, the power 
summation of a complex signal is not perfect at the frequencies of 
500 and 1000 Hz when the bandwidth of the signal is larger than the 
critical band.) 
The critical band measured in experiment 1 and in [1 - 4] is 
about 2.5 times narrower than the critical band found by Zwicker and 
others [5 - 13]. Swet et al. [14] explained that these widely 
varying estimates of the critical bandwidth are due to different 
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assumptions on the shape of the critical band, and there is always a 
non-matching between the noise power measured at the external filter 
(to produce a narrow band masking noise) and the real amount of noise 
in the internal filter of a subject (the critical band). However 
this explanation cannot apply to Hawkins and Stevens' data since they 
used very wide band noise (100 to 9000 Hz) to mask a pure tone, then 
deduced the width of the critical band from the masked. threshold. 
For example, if the masked threshold of a pure tone is 20 dEl (ratio of 
signal level to noise level per Hz) then the critical bandwidth is 
100 Hz . (A similar method is applied in the experiments described 
in this chapter.) The reader may argue that in Hawkins and Stevens' 
experiment, using the form4la 
Signal to Noise Ratio per Hz 
at masked threshold 10 log Critical bandwidth (8) 
is equivalent to assuming a rectangular shape for the criti~al filter. 
However, according to Swets et al.'s data [14] I among four different 
shapes: single tuned, rectangular, Gaussian (one sigma points), 
Gaussian (half power points), assumed for the critical band, the 
rectangular critical band has the largest width. This is contradictory 
to the fact that Hawkins and Stevens' critical band is 2.5 times 
smaller than Zwicker's critical band. Swets et al.'s explanation 
appears to be unsatisfactory. 
An increase in the masked threshold of a signal in noise by 
4 dB equivalent to an increase in the critical bandwidth by 
2.5 times. The variations in masked threshold of different subjects 
with riormal hearing are sometimes more than 3 dB. The errors in. 
measuring the signal level and noise level are possibly ± 1 dB. 
The performance of a su~ject on one day may differ from that on 
another day by up to 2 dB. Different experimental procedures may 
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give different results. Perhaps all these factors r together, 
result in widely varying estimates of the critical bandwidth. 
Besides, the masked threshold of the complex signals measured 
in experiments 1, 2 and ·3 are relatively loW since the noise used in 
these experiments is partially correlateq anq presented binaurally. 
Several workers [19 - 21] found that a considerable improvement in 
detectability of signal is obtained when the noises presented at two 
ears are cross-correlated. Depending on the conditions and the 
degree of cross-correlation, this improvement in detectability can be 
raised up to, say, 12 dB. Perhaps this also explains why negative 
signal to noise ratio per signal bandwidth is obtained in experiments 
2 and 3. The improvement in detectability given by the frequency 
modulation of the signal is ~urther enhanced by the cross correlation 
character of the masking noise. Further study on the characteristics 
of the correlated noise is out of the scope of this chapter. 
Results of experiments 1, 2 and 3 can be summarized as follows: 
In stationary conditions, the masked threshold of a 
multiple component tone in noise is determined by the critical 
bandwidth and the signal bandwidth. If the latter is narrower than 
the former, the power s~ation law will apply. 
The detectability of a multiple component tone in noise 
is improved as it is frequency-modulated. This improvement is 
enhanced as the frequency modulation rate increases and the band of 
noise effectively masking the multiple component tone is gradually 
reduced to the bandwidth of the signal. The explanation for the 
improvement of frequency resolution in the dynamic case (see chapter 4) 
also applies to this case. 
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CHAP'rER 9 
CONCLUSIONS 
9.1 SUMMARY OF EXPERIMENTAL RESULTS 
Throughout this thesis, several psychophysical experiments 
using system simulation techniques are described. Step by step 
investigation of frequency analysis performance in a multiple object 
auditory space was approached from the very simple situation of two 
single stationary tones to the extremely complicated situation of 
two ~ultiple component tones varying with respect to time in a noise 
contaminated auditory space. The experimental results have explained 
why a human operator was able to use.the new auditory display in 
realistic conditions with relative ease, as observed in field 
evaluation, even though the inputs to the ears were very rich in 
i nf onna tion . This section presents a summary of all principal results 
obtained from chapter 2 to chapter 8. 
1) In chapter 2, it has been shown that the frequency 
resolution of the ear when two single stationary tones are 
simultaneously presented is exceedingly poor. Approximately 
/:::'f f ~ 40%, where /:::'f is the least frequency difference between two 
tones so that they are perceived as being distinctly separate, and f 
is the average frequency of two tones. This frequency difference 
required for the resolution of two tones is about five times larger 
than Fletcher's critical band, and 2.35 times larger than Zwicker's 
cd tical band. When /:::'f < 40%, the combination tones subjectively 
generated by the non-linearity of the ear cannot be suppressed by the 
cochlear filtering process. Their presence will therefore interfere 
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with the perception of the fundamentals. 
Thus the spatial resolution of the bi~aural sonar system is 
very poor wpen both the system and the objects are in perfectly 
motionless conditions. 
2) However, the range coding frequency is on+y proportional 
to distance in perfectly still situations whic~ are rarely obtained. 
Chapter 3 shows that once normal relative motion be~ween objects and a 
sonar user takes place the range coding frequency changes to a complex 
sound pattern uniquely related to the motion. Different patterns of 
sound given by different kinds of motion (e.g. objects passed aside, 
head rotation~ etc.) were i~vestigated. It is suggested that the 
binaural sonar users have learned to use these sound patterns, which 
flow towards the left or the right at different varying rates of 
change in frequency as objects are passed, rather than the simple 
range code as described for a static situation. 
3) Binaural sound patterns of different rates of change 
in frequency, resembling the sounds produced by the CTFM sonar, were 
simulated using an analogue computer (EAI 580) and are described in . 
chapter 4. A new auditory sensation was found and used to define 
the frequency resolution capability under dynamic conditions. 
Suppose that at the time t = t , two time varying tones are initially 
o 
merged together, then their frequency difference is then gradually 
increased. The frequency resolution would be defined as the 
frequency difference between two tones at the instant they "separate" 
and "slide" in auditory space to their respective positions. 
It is shown in chapter 4 that the auditory frequency resolution 
is significantly improved in the dynamic case. The Doppler effect, 
involving doubling the rate of change of audio frequency, plays a 
significant part in this improvement. An increase in relative 
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velocity of an object may also enhance the resolution capability 
quantitatively (~f may be reduced to about 8% ) as well as f 
qualitatively to an extent that sighals may be resolved cognitively 
pefore the subject's reaction can take place. 
4) The perception of audible information given by a finite 
target extended over a smail range and azimuth angle is studied in 
chapter 5. Each complex tone in the multiple object auditory space 
is described by four parameters: (i) the centre frequency, 
(ii) the centreI.A.D., (iii) the band width, and (iv) the 
extent in I.A.D. of the tone. The most important result found in 
this study is that discrimination of two.complex tones is easier than 
discri~ination of two single tones (~: can be reduced by 30% for 
complex tones ), provided that the bandwidths of the tones are 
restricted to some specific values approximately equal to that of the 
cri tical band. Differing from the case of the single tone, where the 
frequency discrimination does not depend upon the I.A.D's of the tones, 
the diffusions in I.A.D. of the complex tones worsen the frequency 
discrimination slightly as the tones are close in direction. As the 
extents in I.A.D. of the complex tones are increased, the ~requency 
discrimination is worsened and its dependence upon I.A.D. can be 
observed at larger differences in the directions of two tones. 
The bandwidth of the complex tone is a good cue for estimating the 
size of a finite target. 
5) Experiments using complex tones are carried out further 
for the situation of an auditory space contaminated by noise in 
chapter 6. To simulate a noise contaminated auditory space as 
similar as possible to that produced by the binaural fishing sonar, 
two partially correlated noise sources of limited bandwidths 
(O - 5000 Hz) are employed. It is found that within the range of the 
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SIN - SB (signal to noise ratio per signal bandwidth) from 20 dB to 
. 
40 dB, the frequency discrimination is about 2 to 4 times worse than 
that in quiet conditions. This frequency discrimination is 
gradually improved with increasing of the SIN - SB and may reach the 
best performance at the SiN - SB of 80 dB. The frequency 
discrimination is gradually worsened as the SiN - SB decreases 
till a certain value below which the performance declines very fast 
and the high tone disappears. The high tone is completely masked at 
aq SiN - SB of 10 dB higher than its masked threshold when it is 
presented alone, and its unperceivable presence can cause the faint 
low tone to be shifted in direction. 
6) Detection problems in wide beam CTFM sonar are considered 
in chapter 7. This chapter provides methods for estimating the 
intensities of the sonic waves reflected from shoals of fish, and 
volume and bottom sea scatterers. Several examples and results 
obtained from field experiments are given to elucidate the application 
of the above methods in fish finding problems. The sounds returned 
from shoals of fish, large fishes, huge rocks, and the noise due to 
sea reverberation are also described and shown to be of 
distinguishable charadters. It is suggested that the binaural sonar 
can perform the fish finding task very well at up to 600 metres 
range in areas having more than 30 fathoms of water, and the detection 
performance can be improved due to the movements of fish. 
7) A series of laboratory experiments were carried out to 
compare the detectability of complex tones in station~ry and dynamic 
conditions. In chapter 8, it is shown that in stationary conditions 
the masked threshold of a complex tone is merely determined by the 
auditory critical bandwidth and the bandwidth of the tone, provided 
that the bandwidth o~ the tone is narrower than a critical band 
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in order that its power can be summated during the auditory filtering 
process. However~ once the complex tone is modulated in frequency 
its detectability in noise is improved. This improvement is enhanced 
as the frequency modulation rate increases, and the band of noise 
effectively masking the complex tone is reduced to the bandwidth of 
the tone. 
9.2 RECOMMENDATIONS FOR FUTURE RESEARCH 
In addition to the above experimental results, theoretical work 
.on the auditory display as well as the sonar system is extensively 
developed in this thesis. The author recommends that the following 
pa~ts of this work should be investigated further. 
1) From the discussions in chapters 2, 3 and 4, it has been 
suggested that the cochlea is only the primary frequency selective part 
of the hearing organ. Frequency is mapped into place on the basilar 
membrane with a certain amount of distortion (chapter 2). Subjective 
combination tones are generated once the stimulus consists of many 
frequency components. The frequency analysis process is carried on 
further by the collicular neurones. These auditory neurones can 
produce selective responses to the stimuli which are in accordance with 
their best frequencies and their own sensitivities in direction, 
range, rate and functional form of the frequency change. Some 
neurones can analyse the sound both in ~re~uency and in intensity. 
Hence in static conditions the frequency resolution of two tones 
simultaneously presented is poor because the subjective fundamentals 
and combination tones are only different from each other in frequency, 
the interference of the combination tones is important. In dynamic 
conditions the time varying tones produced by the binaural sonar can 
be different from each other in various characters such as frequency, 
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rate of modUlation, form of modulation, etc., and these differences 
are further increased for the combincition tones. This enables the 
aUditory neUrones to discriminate the fundamentals from the 
combination tone more easily. 
A recommendation for future. research is to establish a model 
for the auditory frequency analysis process. This model should be 
able to explain - (i) the improvement of frequency resolution and 
detectability in dynamic situations, (ii) the independence of the 
frequency resolution of two single tones with respect to their 
LA.!?' s, (iii) the increasing dependence of the frequency 
. discrimination of two complex tones with respect to their I.A.D's 
as they become more diffused in direction, and (iv) the significant 
improvement of frequency discrimination of two complex tones having 
their bandwidths ·smaller than the critical band. 
2) section 3.3.2 provides all the mathematical descriptions 
for the sound patterns produced by a sensory aid when its user rotates 
his head. It is recommended that an experiment using computor 
simulation techniques should be carried out to measure the effect of 
head rotation on angul~r resolution. 
3) In earlier sea trials (1972), smith suggested that 
different species of fish could be recognised as "different" by the 
difference in the character of the echo sounds they produced. Later 
sea trials by Kay et al. in 1975-77 have not provided adequate data 
to confirm the above suggestion although they did show that distinguish-
ing between rocks, shoals of fish and individual large fish could be 
learned quickly by subjects (see chapter 7), and, the detection range 
was greatly improved. The author recommends that laboratory 
experiments should be carried out to verify smith's revort. Two 
methods may be used: (i) carrying out more field experiments at 
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different waters to record the sounds produced by different species 
of fish, then using these samples of sound in a laboratory experiment 
to measure the capability of subjects to learn to recognise each of 
them properly, or (ii) synthesizing different sound"patterns having 
differeht amounts of amplitude modu:j..ation and frequency modulation, 
then mixing them with the noise dUe to reverberation recorded in 
sea trials and measuring the capability of subjects to distinguish 
thege patterns. 
4) Ih Appendix VIII, mathematical treatments for the 
ambiguity function of the wide band CTFM sonar are given. 
The reso+utions in range and in velocity of the system are defined 
here., as the differences ~n range and in velocity of two nearby 
targets at which the C:t10SS correlation between the tw.o echoes is 
equal to 0.25 of the maximum value obtained when two targets are 
completely coincident and shown to be very high. In the example of 
the fishing sonar in Appendix VIII, the resolutions in velocity and 
in range are found to be ~v = 4 x 10-2 ft/s, and ~r = 0.375 ft •. 
These values correspond to a resolution in range coding frequency of 
~f ~ 2 Hz , and a resolution in rate of change of the range coding 
a 
frequency equal to ~f ~ 0.2 HZ/s . 
a 
No physical display system has 
been shown to provide such high resolution. Thus, investigation of 
the feasibility to design a real time frequency analyser of high 
resolution and fast response is recommended as the most essential 
research for this sonar system. 
A1?PENDIX 1 
TABLE 1 - MEAN FREQUENCY RESOLUTION PERFORMED BY SUBJECT Sl 
AT DIFFERENT VALUES OF f
a2 , IAD1 AND IAD2 • 
THE SOUND LEVEL = 70 dB. 
fa2 IAD1 IAD2 (dB) 
Hz dB -10 -6 -2 +2 +6 +10 
0 175 150 190 
4 190 170 165 170 150 165 
1000 
8 180 160 175 180 175 185 
12 165 160 150 165 175 160 
0 455 455 505 
4 505 440 470 475 480 505 
2000 
8 445 465 390 465 505 480 
12 480 465 450 515 470 440 
0 450 455 445 
4 470 420 465 455 535 490 
3000 
8 565 535 495 490 460 475 
12 535 560 555 545 480 450 
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TABLE 2 - MEAN FREQUENCY RESOLUTIoN PERFORMED BY SUBJECT S 2 
AT DIFFERENT VALUES OF f
a2 , IADI and IAD2 • 
THE SOUND LEVEL = 70 dB • 
fa2 IAD1 IAD2 (dB) 
Hz dB -10 -6 -2 +2 +6 +10 
0 180 160 200 
4 200 185 200 195 185 200 
1000 
8 175 175 180 175 175 160 
12 210 175 170 175 180 185 
0 260 265 260 
4 255 260 260 225 300 250 
2000 
8 240 265 285 265 260 295 
12 245 215 270 240 260 220 
0 270 365 275 
4 275 250 305 330 335 290 
3000 
8 265 255 305 290 270 335 
T2 335 325 290 285 260 280 
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TABLE 3 - MEAN FREQUENCY RESOLUTION PERFORMED BY SUBJECT S 3. 
AT DIFFERENT VALUES OF f<12' IADl and IAD2 • 
THE SOUND LEVEL ::; 70 dB. 
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APPENDIX II 
TABtE 1. MEAN FREQUENCY DISCRIMINATION PERFORMED BY SUBJECT Sl 
AT DIFFERENT VALUES OF g , lAD and JAD . 
ac c c 
THE SOUND 
LEVEL = 70 dB . THE COMPLEX TONES ARE OF 100 Hz 
BANDWIDTHS and 2 dB EXTENTS IN I.A.D. 
gac lAD JAD (dB) a a 
Hz dB -10 -6 -2 +2 +6 +10 
0 - - - 145 130 110 
1000 4 100 100 105 150 130 120 
8 100 105 105 135 140 125 
0 - - - 195 175 155 
2000 4 145 - 160 180 185 150 150 
8 150 160 180 190 190 160 
0 - - - 225 225 215 
3000 4 220 215 230 280 245 235 
8 230 210 215 230 250 270 
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TABLE 2, MEAN fREQUENCY DISCRIMINATION PERFORMED BY SUBJECT 82 
,tI.T DIFFERENT VALUES OF g , lAD and JAD • 
ac c c 
THE SOUND 
LEVEL = 70 dB. THE COMPLEX TONES ARE OF 100 Hz 
BANDWIDTHS and 2 dB EXTENTS IN I.A.D. 
-
gac lAD JAD (dB) c c 
Hz dB -10 -6 -2 +2 +6 +10 
0 - - - 135 125 115 
1000 4 115 120 125 145 135 120 
8 110 120 115 120 135 140 
0 - - - 175 170 165 
2000 4 155 160 180 195 175 155 
8 150 165 170 170 180 165 
0 - - - 215 195 195 
3000 4 180 205 215 260 275 230 
8 170 200 225 215 280 250 
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TABLE 3. MEAN FREQUENCY DISCRIMINATION PERFORMEp BY SUBJECT S3 
AT DIFFERENT VALUES OF g , lAD and JAD • 
ac c c 
THE SOUND 
LEVEL = 70 dB. THE COMPLEX TONES ARE OF 100 Hz 
BANDWIDTHS and 2 dB EXTENTS IN I.A.D. 
gac lAD JAD (dB) c c 
Hz dB -10 -6 -2 +2 +6 +10 
0 - - - 150 125 125 
1000 4 125 135 135 150 145 135 
8 115 125 130 150 160 175 
0 - - - 160 160 155 
2000 4 150 150 170 190 175 175 
8 155 165 170 -190 175 175 
0 
- - - 230 195 185 
3000 4 180 170 230 230 215 185 
8 190 205 215 210 220 220 
242 
.TABLE 4 ~ MEAN FREQUENCY DISCRIMINATION PERFORMED BY SUBJECT S 2 
AT DIFFERENT VALUES OF g , lAD and JAD . 
ac c c 
THE SOUND 
LEVEL = 70 dB. THE COMPLEX TONES ARE OF 100 Hz 
BANDWIDTHS and' 4 dB EXTENTS IN I.A.D. 
gac IAD JAD (dB) c c 
Hz dB -10 -6 -2 +2 +6 +10 
0 - - - 155 160 140 
1000 4 145 155 170 175 165 165 
8 120 125 160 165 175 160 
0 - - - 190 185 175 
2000 4 165 190 190 205 195 185 
8 155 180 180 190 190 205 
0 - - - 340 310 265 
3000 4 240 255 295 305 300 275 
8 230 250 270 290 330 295 
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APPENDIX III 
Simulation of a Directional Noise Field 
Considering two partially correlated noise sources, 
n1(t) + an2 (t) and n 2 (t) + an1 (t) , arranged as in Figure A3.l. 
The low-pass filters have the same cut-off frequencies of 5000 Hz. 
Nl(t) and N2 (t) are two independent noise sources set up at the 
same levels. The coefficient a , varying between a and I, 
determines the degree of correlation between two noise stimuli. 
L.P 
Filter 
5000 Hz 
L.P. 
Filter 
5000 Hz 
n (t) + an2 (t) 
1 .... 
To right 
blanking circuit 
To left 
circuit 
Fig. A3.1. Simulation of a directional noise field. 
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Since n1(t) andn2 (t) are two independent noise 
sources, the phase angles of their ftequE!llcy components- are entirely 
tincorrelated even though their amplit~de spectra are identical. 
(f -_ 2W'IT) Thus the same frequency components of two sources can be 
represented by A cos wt and A cos (wt + W) respectively, where W 
is a random variable having an arbitrary value between -'IT and +n. 
Using phasor diagram as described in Figure A3.2, it can be shown 
that the absolute value of the phase difference, cp, between two 
components of the same frequencies, f, of the sources 
absolute value of W . 
-1 CI. sin W W - 2 tan . 1 + CI. cos W (A3.l) 
Figure A3.3 shows the variation of cp as a function of W . 
Since n1(t) and n 2 {t) are the Gaussian random processes, their 
phase angles have uniform probability densities. Thus the phase 
difference cP must be evenly distributed. Hence, according to 
Figure A3.3, about 70% of the value of cP will be concentrated 
within-the value +.:! 
- 3 as is increased to 0.4 This 
concentration is increased with increasing value of CI.. 
Actually, the amplitude of the components Al cos(wt + WI) 
and A2 cos(wt + W2 ) of the noises nl(t) and n 2 (t) are also 
the random variables which follow the Rayleigh distribution functions. 
Hence at a certain value f = 2~ , the direction given by the fusion 
of the above> two components must be indicated by both the I.A.D. and 
the I.T.D. (interaural time difference). These directional cues 
vary with respect to frequency and are complicated and non-
deterministic (since ,', - ,', - ,', 
'I' - '1'1 '1'2 ' Al and A2 are random 
variables) . So it is not necessary to go into details here. 
A cos (wt + 1/1) 
I 
/ 
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A cos (wt + 1/1) + a A cos wt 
-.'~- A cos wt + aA cos (wt + 1/1) 
I 
a A cos wt a A cos wt 
Fig. A3.2. The reduction of phase-difference between two 
frequency components of the partially correlated 
noises. 
'IT 
2'IT 
3 
'IT 
3 
'IT 
3 
a 
2'IT 
3 
---.--.---'IT 
= 0 
Fig. A3.3. Variation of the phase difference <p 
with respect to 1/1. 
'IT 
The above mathematical.presentation is adequate to show qual~tatively 
how a directional noise field can be simulated by correlating two 
noise sources as in Figure A3.l. 
APPENDIX IV 
TABLE 1. Average 6f given by subject S1 qt different values 
aC 
of siN - S.B , frequency an4 I.A.D. The total noise 
level in a 5000 Hz band is 50 dB. The complex tones 
are of 100 Hz bandwidths and 2 dB extents in I.A.D. 
standard deviation is equal to 40, 50 and 85 Hz at 
gac Of 1000, 2000 and 3000 Hz, respectively. 
gac (lAD c ' JAD ) c sjN - S.B (dB) 
Hz dB 37 32 27 22 17 12 
(0 , + 6) 230 260 250 295 340 385 
1000 (+ 8 , - 2) 225 230 250 265 260 310 
(+ 4 , - 10) 220 220 245 255 260 260 
( 0 , + 6) 455 450 445 490 510* -
2000 (+ 8 , 
- 2) 390 390 440 450 480* -
(+ 4 , -10) 380 385 435 430 475* -
( 0 , + 6) 695 740 715 705 1200** -
~-
3000 (+ 8 , 
- 2) 655 705 685 715 1115** -
(+ 4 , -10) 630 635 635 625 1040** -
* high tone disappears in 50% of the number o! trials, 
** high tone is entirely masked. 
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7 
410 
310 
280 
-
-
-
-
-
-
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TABLE 3. Aye rage ~f given by subject S at different values 
ac ' 3 
of S(N - S.B , frequency and I.A.D. The total noise 
1eyel in a 5000 Hz band is 50 dB. The complex tones 
are of 100 Hz bandwidths and 2 dB extents in I.A.D. 
standard deviation is equal to 40, 50 and 85 Hz 
gac of 1000, 2000 and 30,00 Hz, respectively. 
gac (IAD , JAD) SiN - S.B (dB) c c 
Hz dB j7 32 27 22 17 12 7 
( a , + 6) 430 430 430 490 500 580 -
1000 (+8 , - 2) 375 385 370 425 425 505* -
(+4 , -10) 365 345 335 345 355 470* -
( a , + 6) 540 635 630 630 695* - -
2000 (+8 , - 2) 480 605 610 615 645* - a 
(+4 , -10) 485 550 545 585 615* - a 
. 
( a , + 6) 745 875 885 1040 1240** - -
3000 (+8 - 2) 750 750 835 -960 - 1240** - -, 
(+4 , -10) 655 705 815 920 1235** -
-
TABLE 2. 
gac 
Hz 
1000 
2000 
3000 
Average /:'fac given by subject S2 at different values 
of sIN - S.B , frequency and I.A.D. The total noise 
level in a 5000 Hz band is 50 dB. The complex tones 
are of 100 Hz bandwidths and 2 dB extents in I.A.D. 
standard deviation is equal to 40, 50 and 85 Hz at 
gac of 1000, 2000 and 3000 Hz, respectively. 
(lAD , 
c 
JAD ) 
c sIN - S.B (dB) 
dB 37 32 27 22 17 12 
( 0 , + 6) 275 275 280 290 315 320 
(+8 , - 2) 245 255 245 245 255 310 
(+4 , -10) 225 245 245 245 245 300 
( 0 , + 6) 535 585 615 715 740* -
(+8 , - 2) 495 515 625 655 720* 
-
(+4 , -10) 500 500 605 610 705* -
( 0 , + 6) 795 910 920 1070 1240** -
(+8 , - 2) 745 910 910 940 1200** -
(+4 I -10) 750 835 840 910 1165** -
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7 
365 
330 
300 
-
-
-
-
-
-
TABLE 1. 
Any con ve; sur/ace 
Sphere 
Large 
SIOIlII * 
Cylinder 
Infinitely long 
Thick 
Thin 
:Finite 
Plate 
, Infinite (plnne surface) 
---. 
Finite 
Any sh"pe 
Rectangul3r 
Circulor 
Ellipsoid 
Conic~l tip 
Average over all aspects 
Circular disk 
Any .mooth convex objec~ 
Triangular corner r.Hector 
Any elongated body or revolu-
tioll 
Circular plate 
Inllnite plane .trip 
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Target strength and back scattering cross section 
of some simple forms. 
, 
Direction of 
SY1ubols incidcnce Condition. 
~ ala, .. principal radii of Normnl to surfnce kat, ka,» 1 
of CUf\,,,ture r>u 
r .. r:mgc I 
k '" Z"./wnvelength 
-
a l a - tad! u. of sphere Any ka» 1 
" 
r>a 
K V' V ~ volume of sphere Any ka« 1 
'>;4 h - wavelength kr» 1 
aT a = radius of cylinder : Normal to axis of cyl- ka» 1 
- iodC't r>a i ~ 
i O".'a' I a '" radius of cylinder Normal to axis of cyl- I ka« 1 
--r inder : hi 
qL'I'l)' L "" length of cylinder }formal to axis of eyl- ka» 1 
a '" radius of cylinder inder r> L'/). 
aL'/~h(sin fJ/fJ)' cos 0 a = radius of cylinder At anglo 0 with normal 
fJ = kLsin 0 
I~ N ormnl to plane 
(1)' A - area of plate 'Normal to plate L' L = sreatcst linear di- r>):, 
mension of plale kl»l 
l - .mallest line. r di-
mension of plate 
(ab)' (Sin fJ)' a, b side of rectangle At angle 0 to normal in u' : - -- cos' 0 
')' fJ fJ = ka .in 0 plane containing side a r > };' 
kb» I 
a>b 
" (ra')' (VI(fJ»)' a '" radius of plate At angle 0 to normal' u' 
- -- cos' 0 fJ - 21m sin 0 r > };' h fJ 
~'a» 1 
(~)' a, b. c = semimnjor axes Parallel to axis of 1I Ira, kb. ke » 1 of ellipsoid r» a, b, e 
C), 4 ( .in' 8 r f .. half, angle of cone At angle 0 with axi. of 0<01-
- tan V- 1 ---8r cos'v- cone 
a l a - r"diu. of disk Average over all diree- Ira» 1 
-
tions (20)' a 
r> -).-
-
S 8 - totnl surfACe area of 
-
Average over all direc- All clinwlIsiOM And 
16r object tiolls radii or curvature 
In rge compared 
with ). 
~. 
L4 L - lengt" of edgo or At nngle o to axis of Dimension. large 
s).' (t -- 0,000760') re!lector symmetr)' compared wilh ). 
IG".'V' V = bot!)' volume Alonll axis of revolution ,\11 dimensions .mall' I~ compare!l to ). 
C')' u .. radius l'crpcll.licnll1r to "late Ira« 1 - k'a' ~". k .. 2,,/>-
~"-~-
2.. [co. 0 .in Nk, .. in 0) r ~a - width of strip At angle 0 Ira» 1 
·hk .in 0 
I ka' o - angle to normal l'crpcn,H~lIlnr to strip k,,» 1 
" 
0-0 
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* This table is reproduced. from [1] with some modification. 
Urick [1], based on reference [3], found that the scattering cross 
section of a small sphere (Rayleigh scattering region) is: 
cr = (A5.3) 
where K = 61.7 . 
Kerr [2], Siegert et al. [8] and Ruck et al. [11] agreed with 
So 2 1< = 20.25 1T 
cr = (AS.4) 
This result is quite higher than the result obtained by the 
U.S. Navy [9] for an arbitrary small object in Rayleigh scattering 
region: 
(AS. S) 
Figure 1 shows the variation of back scattering cross section of a 
sphere as its size increases from Rayleigh scattering region to 
geometrical region. Mentzer [10] determined the variation of 
scattering cross section of a cylinder with respect--to its radius. 
His result is shoWq in Figure 2. 
Note that the formulaS given in Table 1 are directly 
applicable oply if the targets are perfectly rigid. When this 
condition does not apply, they must be multiplied with the 
reflection coefficient a 
r 
Hence, from Table 1 
T.S = 10 log Foa 
r 
cr 4 1T F"a 
r 
where 2 
82 r2 - Zl) a = = IZ2 r + Zl 
(AS .6) 
(AS.7) 
(AS.8) 
Fig. 1. 
Fig. 2. 
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a/>.. 
Ratio of back scattering cross section to geometrical 
cross section of a perfectly rigid sphere. 
a = radius, A = wave length. 
The inclined broken line represents Rayleigh's law, 
o,/7fa2 = :J-.403 (a/A) 4 x 104 • [2] 
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Back scattering of a short, thick, perfectly rigid cylinder. 
a = radius, 1 = length, k 27f/A = wave number. 
Z2 is the acoustic impedance of the target, Zl is the acoustic 
impedance of the medium, and S is called the reflectivity 
(see Table 2). 
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TABLE 2. Acoustic reflectivities of various substances in water 
(3 (% ) (3 (%) 
Substance in tap water in salt water 
* Air -100 -100 
Steel 94 94 
Brass 92 92 
Aluminitnn 84 83 
Granite 83 82 
Quartz 82 81 
Clay 68 67 
Sandstone 68 66 
Perspex 35 33 
Wet fish bone 26 24 
Rubber (pencil eraser) 11 8 
Wet fish flesh 4.6 1.9 
pc rubber 3 0.32 
salt water: salinity 35r~, l50 C 
* negative sign,corresponds to a change of phase. 
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APPENDIX· VI 
Calculation of the Equivalent Beam width of the 
Projector Hydrop1ane Combination 
From definition, the equivalent beamwidth of the projector 
hydrophone combinat~on is 
~ = I p(8 t ¢) H(8,¢) dn 
8,¢ 
(A6.1) 
where p(8,¢) and H(8,¢) are the normalized beam pattern functions 
of the projector and the hydrophone respectively. 8 is the 
azimuthal angle, and ¢ is the elevatio~. dn is an elemental 
solid angle. Hence 
(A6.2) 
~ is a constant and is independent from the way that the coordinate 
system is chosen. Let the beam axis be coincident ox . 
Let PI (8) and P2 (8) be the horizontal beam patterns of 
the projector and the hydrophone respectively; P2 (¢) and H2 (¢) 
be the vertical beam patterns. Assuming that the latter are 
idealized and have the same beam widths, ~. 
= = 1 (A6.3) 
= 0 elsewhere 
Then the total equivalent beam width can be approximated by 
= 2 sin (A6.4) 
where o (A6. 5) 
represents the horizontal combination beam width. 
-30 
Fig. 1. 
1 Intensity 
-20 o 
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beam 
p 1 (8) 
receiver 
eam pattern 
Hl (8) 
20 
Azimuth angle 
30 
Horizontal beam patterns of transmitter and receiver 
in a binaural sonar (left receiver beam not shown). 
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In this appendix, the cOmPination beam widths of the binaural sonar 
will be calculated. The ideal voltage responses of the receivers 
in a binaural sonar have the form 
A(e) = (e ± a.) 2 ] C exp [- 4 a. k 
where a. is the splay angle, k is a constant. 
(A6.6) 
The normalized receiver beam pattern function must be 
(see Figure 1) 
= 
(e ± 0.)2 
exp [ - -'--~-=--
2 a. k 
The I.A.D. curve is determined by 
I.A.D e 20 10910 e. k 
(A6.7) 
(A6.8) 
To obtain a slope of 0.5 dB/degrees for this curve, it requires 
k = 17.37170 = 0.3032 rad 
If the splay angle is a. = 60 = TI/30, 2 a. k = 0.0635 rad2 . 
Assuming that the transmitter beam pattern is of bell shape, 
and has the - 3 dB points at o e = ± 30 ,then 
(A6. 9) 
2 
kl = 0.3669 rad . 
Thus the horizontal combination beam width in the right channel is: 
o = I+1T exp [ _ ( (e - a.) 2 + e 2 )] de 2o.k kl 
-TI 
Let a = 1+ 2o.k =1 
kl 
2 
c = a. 0.011 
.1731 , 
Rearranging equation (A6.10) 
1 
= -- exp 
fa 
b = 2 a. = 0.2094 
d = o.k = 0.03175 
(ra e - b/2ra) 2 
2 d 2 
(A6 .10) 
d(ra e) 
(A6.l1) 
The above integration has the form of a normal-curve having a 
mean of b/2ra, a.nd a standard deviation equal to d. Since 
the inte+val of integration is much greater than the deviation 
d (ra 'It ~ 19 .1) ~ the integral is asymmetrically equal to dl21f. d 
Thus 
e d 21f 
a 
2 
{ C - b /4a } exp 
2 d 2 
and the total combination beam width is 
2 
2 sin (<1>/2).d 21f exp {C - b /4a } 
a 2 d 2 
Substituting the values of a, b, c, d • 
e = 0.423 rad I 
or 
10 log e - 3.74 dB 
II' = 2 0.1832 rad 
10 log II' = - 7 • 37 dB 
(A6.l2) 
(A 13 
Since the two receiver beams are symmetrical to the axis of the 
transmitter beam, these values apply to both channels. 
260 
261 
APl?~NDIX VII 
DIGITAL NOrSE GENERATOR (Pseudo-random Noise Generator) 
It is known that digitql noise signals can be generated in the 
form of a sequence of random binary numbers produced by feedback shift 
registers. The feedback elemept is an exclusive - OR gate with inputs 
from the last stage and an intermediate stage which is chosen so that 
a maximal length sequence can be obtained (Figure 1). The solutions 
of the feedback function are shown in [1]. 
A p~eudo-random noise generator using N stages of shift 
register as in Figure 1 has a. maximal length sequence of (2N - 1) 
states, i.e. after 2N - 1 clock pulses the sequence repeats. 
Since it repeats, it has a line spectrum with a line spacing of 
1 
of the clock frequency. The spectrum is shown in Figure 2. 
In the noise generator designed for the experiments in 
chapter 8, the shift register is 31 stages long. However, to obtain 
different spacings of 32, 8, 4 and 1 Hz per line, and 2, 4, 8, 32 and 
2048 (white noise) lines per Hz, the output stage can be selected as 
in Table L The ciock frequency is equal to f = 1048.575 kHz. 
Figure 3 shows the circuit diagram of the noise generator. 
A filter having a third ordermaximaliy flat (Butterworth) response 
with a cut-off frequency of 50 kHz and an 18 dB/octave roll off 
is used in this circuit [2]. 
EXCLUSIVE 
- OR 
Feedback from 
intermediate 
stage 
.-----r-----.,-- -- - - - .... ___ ...--__ -, 
Stage Stage Intermediate ,Stage Stage 
I-~---. I 2 stages N - I N output 
- - - - ---'-----' 
Clock pulse 
Fig. I: Principle of a pseudo-random noise generator. 
AIrtpli tuae 
Lihe spacing 
--1'" ....-
Fig. 2: 
Frequency 
t 
Clock frequency 
Spectrum of rectangular waveform of binary 
.sequence generated by a 
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, I I SN 7004 
..... . 39~. ohm \l '\7 BUFFERS 
2 n;r .. ". 
~ MULTIVIBRATOR 
Clock pulses 
1 I I <c 
r r .... :. L..-_--'-4 """ L """ _ -r """ .. 
~ ~ ~ 
~ - - ~ 
,....-- r- F-- ...-- ;::!: I. r- ; 
r
z z z Z -I 
CIJ CIJ CIJ V,) -
-
.....--
- en 
,- N ;;;; 
- P 0 
NMenr- enr-~~N~~'-
o CJ 0 0 0 0 0 ~ c:::I 0 ° 01--11--i::::-...1 I LT 
ply. 5V IlM 340-5 I ',2 V 
ts 10 • 1 MF 0.22 MFI 
+ 12 V 
3 .• 3 
Kohm 
Kohm -12V 
3.6 n F 
+12V 
3.3 3.3 
K ohm Kohm 
1.1.39 nF 
600 
- l2V 'rohm T200 J.PF output 
- 1 
Fig. 3: Circuit diagram of the noise generator. 
N 
0' 
w 
TABLE 1: Arrangement of the output stage and feedback stage for 
maximal length sequences, and the corresponding line 
spacings. Cloclt frequency 1048.575 kHz. 
Number of stages Feedback Sequence Line 
(output stage) tap length spacing 
15 7 32767 32 Hz per 
.17 5 131071 8 " 
18 7 262143 4 " 
20 3 1048575 1 " 
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line 
21 :2 2 097151 2 line per Hz 
22 1 4 194303 4 " 
23 5 8 388607 8 " 
25 7 33544431 16 " 
31 7 2147 483647 2048 " 
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APPENDIX VIII 
VItI.l. AMBIGUITY FUNCTION OF A WIDE BAND CTFM SONAR 
Using complex signal notation, the transmitted signal of 
a CTFM sonar system can be represented by sTet) . 
where a < t « 
s -
(1) 
A is a constant representing the amplitude of this rectangular 
265 
envelope signal. fl is the lower limit frequency, m is the sweep 
slope, and T is the repetition period. At any instaht of time 
s 
t , t = t - t varies betweeh a and T , where t is the s n s n 
beginning time of the n-th cycle of transmission. 
Let C be the sound propagation velocity, and v be the 
constant approach velocity of a target. The instantaneous range 
of the target will be 
ret) = r - v t 
o 
where r is the' initial range. 
o 
( 2) 
Suppose that the echo signal received at the time t from a 
target of range ret) is the replica of the signal transmitted let) 
seconds ago, then 
SR(t,l(t» A(t,l(t» sTet - l(t» . (3) 
where A(t,l(t» = (1 - let»~! is the normalizing function, and the 
dot denotes differentiation with respect to time. 
If the target velocity is small in comparison to the sound 
velocity, the instantaneous delay can be approximated by 
l (t) l - a t 
o 
(4) 
where 
2r 
o 
c 
and a = 2v are respectively the initial delay 
c 
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and the fractional velocity of the target. Replacing t = t + t 
n s 
in equ,ation (4) 
T(t.) ~ T - a-
n 
where T = T. - a t. is the initial delay in the n-.th cycle. 
non 
If there is now a second target, close to the first one, 
the second echo signal can be represented by 
where /::;T(t) ~ /::;T 
n 
/::;T and 6a are respectively the differences in time delay 
n 
and fractional ~lbcity of two targets. 
(5) 
(6) 
( 7) 
Then the amount. of ambiguity on information given by these two 
targets can be measured by the cross-correlation of the two 
echo-signals. 
The divisor of expression (8) is the product of the powers of 
the received signals. Substituting the equations (1), (3) and (6) in 
equation (8), the normalizing functions and the constants, A, cancel 
each other out after manipulation. The ambiguity function becomes 
. 2 1 rTs IX(T ,a,/::;T ,/::;a) I = 1-- exp 2 j Z(t) 
n n T ) 
s 0 
(9) 
where 
(10) 
These above expressions, (9) and (10), show that the amount of 
ambiguity varies within the (T ,a) space. If the ambiguity 
n 
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, 2 
contours, defined by IX(T ,a,6T ,6a) 1 = constant, are plotted in 
n n 
the (T ,a) plane, and the (6T ,6a) sub-planes, they may vary as 
n n 
,in Figu,re 1. Substituting equations (5) and (7) in equation (10), 
'we have 
m ;<:(t) = [f l - mT - 6T ]6T + [m6Tn(l +a +6a) - (fl - mT )6a]t n 2 n n n s 
(11) 
If the target velocity is assumed to be much smaller than the 
sound velocity (see chapter 3) (6 Ct < a «1 ), and the period of 
repetition T , and the sweep slope m are chosen so that the 
s 
maximum delay given by the furthest target ismu,ch smaller than 
and fl »mTn ' the ambiguity function can be approximated by 
T 
s 
.
IX(6T ,6a) 12 ~ I~ fTs exp {-2rrj[m 6a t 2 - em 6T - fl~a)t J}dt 12 
n T s n s s 
s 0 
T and a are cancelled out in expression (12). This means that 
n 
the variation of the ambiguity function in the (T ,a) plane is 
n 
very small. IxI 2 , now f depends on the differences in delay and 
in velocity of the targets only. 
Let u2 = m 6a 
m 6T - f 6a 1 
V = 
1m 6a 
Expression (12) can be rearranged as follows: 
J V exp{-V-2 UT 
s 
where x is an arbitrary variable. 
(12) 
(l3) 
(14) 
(IS} 
1 
CI. 
a 
--____ ~,.r_---l::,.T 
n 
T 
na 
M 
n 
T 
n 
Fig. 1: Variation of the ambiguity contour in the (T ,CI.) plane. 
n 
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Using the Fresnel's integrals defined by 
c (z) = J
z 2 COSl~ x )dx 
o 
and s Cz) = Iz sin o 
'l'he ambiguity function can be expressed as follows 
269 
~C(V) -C(V-2UT »2i-(S(V) -S(V-2UT »21 ~ s ~ s ~ 
(16) 
or 
1 
WT 
s 
GC(V) -C(V-2UTs »2 '+ (S(V) -S(V-2UTs »J 
(17) 
Observing the characteristics of the Fresnel's integrals (Figure 2), 
C(z) and S(z) are limited by 0.8 and tends to 0.5 when z is large 
enough, say, greate r than 5 . If ~a is kept constant, 
IX(~T ,~a) 12 can be plotted as a function of ~T 
n n 
The following 
example shows that IX(~T ) I; 
n ua 
has the form of a gating function 
where the mid-value is determined by 
1 
2 ~a WT 
s 
(18) 
Thus, the ambiguity function of an CTFM system is mainly dominated by 
the product of the signal bandwidth and its period of repetition. 
It decreases with increasing this product. 
Example 
Considering the following example of an underwater sonar for 
use in fishing. The signal parameters are as follows: fl = 40 kHz, 
w = 40 kHz, T = 3.2 sees, m = 12.5 kHz/so 
s 
(These parameters are 
chosen so that a typical range of 200 yards will be coded by a beat 
note of 3000 Hz. 1 IX(~T ,~a) 12 willI. be plotted as a function of 
n 
~T for different values of ~a. 
n 
a) ~a = 0 , then 
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1 Fresnel's integrals 
0.8 
0.7 
0.6 
0.5 
0.4 
0.3 
0.2 
0.1 
x 
0.6 1. 2 2.4 3.0 3.6 4.2 
Fig. 2: Characteristics of the Fresnel's ihtegrals. 
2 sin w w ~T 2 
I X (M
n
, 0) I == I 'It WilT· 0 I = 
o 
'It W ~.T 
n 
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(19) 
This function decreases very fast fro~ 1 as ~T is increased. 
n 
The first zero is ~T 
'n 
.. t d 9.1 x 10-4 magn~.u.e 
== 2.5 x 10-5 
is found at 
b) As soon as reaches -4 .10 I 
already. Therefore 
( i) For o < ~T 
n 
I then 
~s very negatively large. Hence 
(ii) 
large 
For ~T > !J.a 
n - m 
s • 
!J.T 
n 
The eleventh peak of 
2.625 x 10-4 s. 
2UT ~ 7.2 
s 
and is very large 
- f !J.a 
__ ~l__ < V < 0 ; 
.; !J.a 
then 
and 
and 
(V - 2 U T ) 
s 
(20) 
very 
1 
W T 
s 
GO.5 - C(V-2UT
s
»2 + (0.5 - S(V-2UT
s
))j 
( 21) 
(iii) For 
Rearranging equation (17) 
0<V<2UT 
s 
+ C (2 U T - V) ) 2 + (8 (V) + 8 (2 U T ._ V» 2 ] 
s s 
(22) 
From Figure 3 (a - c), it could be seen that the ambiguity function is 
mainly raised in this region and has a gating form with the mid-value 
determined by 
1 
2 !J.a W T 
s 
Obviously this is inversely proportional to the product of the 
signa+ bandwidth and its period of repetition. 
( 23) 
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( a) 
110 1 x (,r ) 12 (10 -4) n 
100 
Aa . -3 = 0.5 x 10 90 
80 
- - -
MIb-VAtUE 
70 
60 
50 
40 
30 
20 
- - -
10 2UT 
s 
2 4 6 8 
-+ AT emS) 
n 
IX(T ) 12 (10-4) (b) 
n 
6a = 10-3 50 
40 MID-VALUE 
- - --- - -
30 
20 
, 10 0.25 MID-VALUE 
- - - - - - - - - -
mT) 
s 
0 
0 2 Aaof 4 6 8 10 12 1 
l- In (mS) m n 
Fig. 3: (a) , (b) Cross-sections of the ambiguity function 
IX(AT ,Aa) 12 in the constant Aa planes. 
n 
(c) A three dimensional plot of I X (In , Aa) ,.2 
n 
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( c) 
t . 2 -4 I X (boT ,i:la) I (10 ) n 
80 
60 
2.0 
c) In 
n 
. 2 
= 0 fix (0 , 6a) 1 
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can be shown to decrease very fast from 1 ( 
a1: 6a = 0 to 
-3 . -4 
5.83 x 10 at ~a = 0.5 x 10 f and to 1.52 x 10~4 
at 6a = 10-4 
VIII. 2 AMBIGUITY CONTOUR AND RESOLUTIONS IN RANGE AND IN VELOCITY 
The ambiguity contour of a CTFM wave form is represented by 
the equation 
Ix(~r ,~a) 12 = Constant K 
n 
A two dimensional plot of such an ambiguity contour in the plane 
(24) 
(~r ,~a) is called an ambiguity diagram. 
n 
Th,e resol ut:l,on in range 
and in velocity of the system can be determined f~om this plot. 
Observing that the ambiguity function, when plotted as & function of 
6r for a given value of MJ. , has the gating form defined by its 
n 
mid value, (2 ~a W T )-1 , and the limits of 
s 
~r 6a fl nl m 
6r 6a (fl + 2 m T ) n2 m s 
where IX(6T ,fia) is· equal to 0.25 of the mid value. 
n 
Thus the ambiguity contour may be found quickly by setting the mid 
(25) 
(26) 
value equal to K to determine fia, then using equations (25) and 
(26) to determine fir 
nl 
fia 
fiT 
nl 
= 
= 
= 
and 6:r 
n2 
constant 
1 
2 K W T 
s 
fl 
2 K w2 
K (27) 
(28) 
(29) 
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1 fl 
2 K W (2 + w) (30) 
Figure 4 shows an ambiguity diagram plotted by this technique. 
To determine the resolution in range and in velocitYf ~he constant K 
is frequently set at 0.25 . rhis is equivalent to a half value 
from the complete correlation between two coincident tar~ets (same 
range ard sqrne velocity) . 
determined by 
Thus the resolution in velocity is 
2 
W T 
s 
and the resolution in range is determined by the limits 
2 fl 
6T = nl w2 
6T 2 (2 fl 
n2 +-W W 
(31) 
(32) 
( 33) 
These equations, (31l, (32) and (33), show that the resolution 
in range (in delay) decreases with increasing the product of the 
signal bandwidth and the percentage bandwidth, while the resolution 
in velocity is inversely proportional to the product of the signal 
bandwidth and its period of repetition. Applying these results in 
the example of the fishing sonar described in section VIII.l, it is 
found th&t 6a = 1.56 x 10-5 , 6Tnl -4 0.5 x 10 secs, 
c = 5000 ftls . 
determined by: 6v 
Typically the sound velocity in water is 
Thus the resolution in velocity and in range is 
~ 6a = 4 x 10-2 ftls , = ~ 6T 1";' .0.125 ft , 2 n 
It is also noted that the above values are not the absolute 
resolutions of the sonar system. The equations (31), (32) and (33) 
only provide the limits of the resolution performance of the system 
in ,the sense that the cross-correlation between the echoes returned 
from two nearby targets having that difference in range and in 
1 llT n 
2 AWT 
s 
Fig. 4: Ambiguity diagram of wide band CTFM sonar. 
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velocity is equal to a qqarter of tne maximum value wnen two targets 
completely coincident 
i.e. 
or 
. 2 
r X (ll T , lla) I 
n 
IX(llT ,lla) I 
n 
0.25 
=: 0.50 
In practice, the realization of the display system may require 
consideration. Depenqing on the specific values to which the 
maximum target velocities encountered by the system are restricted, 
large differenceS in range and in velocity may be required for 
resolution. That corresponds to a lower value of the cross-
correlation coefficient IX(llT ,lla) 12 . 
n 
VIII.3 RELATIONSHIP BETWEEN THE RANGE CODING FREQUENCY 
AND AMBIGUITY FUNCTION 
In chapter 3, it was shown that the range coding frequency 
of the CTFM sonar system for an object of instantaneous range ret) 
and approach velocity v is given by 
faCt) ::;:: 
where r ttl ::;:: r - v t • 
o 
Using the symbols defined in section VIlLI : T = 
2r 
o 
o C 
and 't T - at; equation (34) can 
in, 0 n 
be rearranged as follows 
where' 0 < t < T 
s s 
(34) 
(35 ) 
At the time t, the difference of the range coding frequencies 
of two nearby objects having the differences in delay and in velocity 
equal to !iT 
n 
and lla successively, must be: 
I1f (t) 
a 
= 
278 
(36) 
o < t < T 
- s s 
For a certain value of l1a, the amount of ambiguity in range of the 
two targets is maximum if I1f
a
{t) = 0 , or 
I1T 
n 
= 
S~nce at the time t, in the n-th cycle of the sweep frequency, 
may arbitrarily have any value within the limits from 0 
therefore 'I1T falls in the limits 
n 
I1Tnl 
l1a 
fl = m 
I1Tn2 
l1a (f l + 2 m Ts) = m 
to T 
s 
( 37) 
t 
s 
(38) 
(39) 
The equations (38) and (39) are exactly identical to the equations 
(25) and (26) found previously by means of the ambiguity function. 
They determine the limits of the difference in range of two objects 
where the range coding frequencies start to separate from each other. 
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An Artificially Generated Multiple Object 
Auditory Space for Use where Vision is ImpaIred 
by L. Kay and M. A. Do 
Electrical Engineering De'partment, University of Canterbury, Christchllrch, New Zealand 
SUrrlmary 
A display of spatial in.formation using audible signals with binaural characteristics is deBcr~bed. 
The spatial informatiofl is gatheted by a very wide band wide beam-Continuous Transmission Fre· 
quency M:odfilate'd echo·location system, specially designed either for aiding bUnd persons or, for 
use in fish lcicl;Ltion. The paper discusses the forms of the ccho signals which are produced by diffe. 
rent relative motions and shows ~hat the range coding of pitch, being proportional to distance in 
stationary conditions, changes to a complex Bound pattern uniquely related to the motion. 
It is suggested that blind people have learned to use these sound patterns, which flow towards 
the left or the right as objects are passed, rather than the simple range code as described for a static 
situation. The binaural display resolution is considered undcr static and dynamic conditions. 
Bin kunstlich erzeugter Multi.Obiej"t.HiJrereignisraum zur Verwendung 
z'usa.ynmerifassung 
bei Behinderung deli 8ehvermiJgens 
]I:s wird eine l\bbiJdung raumlicher Information beschrieben, die akustische Signale mit binau· 
raler Charakteristik be~ut:zt. Die raumliche Information erhlilt man durch ein sehr breitbandiges 
und brei~trahilges Fbf.Echo.Orlungssystem mit kontinuierlichet tlbertragung, daB speziell fUr 
Blinde und fUr die Ortung von Fischen entworfen wurde. Der Artikel diakutiert die Formen des 
Echosignals, die durch verschiedene Relativbewegungen erzeugt werden und :zeigt, daB die Be. 
reicliscodierung der Tonhohe, die bei stationiiren Bedingungen der Entfernung proportional ist, 
sich :zu einem komplexen Klangmuster wandelt, daa in eindeutiger Beziehung zur Bewegung 
steht. Es wird angenommen, daB Blinde den Gebrauch dieser Klangmuster, die nach l'echts oder 
nach links IHeBen, wenn Objekte sich vorbeibewegen, erIernt haben und nicht die ejnfache Be-
reichscodierlmg, wie sie fUr eine statische Situation beschrieben wird. Die binaurale Bildauflosung 
wird unter statischen und dynamischen Bedingungen betrachtet. 
Realisation d'un espace d'ecoute artijiciel a usages multiples 
Sommaire 
On decrit une presentation d'information spatiale utilisant des signaux sonores il. caracteris-
tiques binaurales. Cetts information est recueillie par un dispositif Sonar it, faisceau de tree large 
bande, it, transmission continue et module en frequence, destine specialement soit pour aider des 
aveugles, Boit pour reperer des bancs de poissons. On examine les difierentes formes d'echos evo-
ques suivant les mouvements relatifs, et Pon montre que 10. bande de codage de In hauteur du son 
etant ptoportioneIle il. 10. dIstance lorsque les objets sont stationnaires, on obtient dans Ie cas du 
mpuvement un son complexe, qui ne depend que de ce mouvement. 
On suggere que les aveugles ont appris il. reconnaitre ces allures complexes dont les courbes 
caracteristiques s'ecoulent vera la gauche ou vers Ill. droite 10rsqu'i1s depassent des obstacles; cette 
hypothese parait plus vraisemblable que celle d'un simple codage en distances, comme on Ie decrit 
pour des objets immobiles. On disc ute cIu pouvoir de resolution du cIispositif, dans les cas statique 
et dynamique. 
No.1 
1. Introduction 
It was first proposed by Kay [1] that an auditory 
space for use by blirid persons could be artificially 
generated by empJoying a wide angle ultrasonic 
radiating field as a.n "illuminating" source, together 
with two receivers, one feeding each ear, to convert 
reflections into a.udible sounds. These would be per· 
ceived binaurally. The distance to a reflection was 
to be coded in the form of rising pitch with in. 
creasing distance (frequency proportional to dis· 
tance), and the binaural differences, which could 
include time, frequenoy and amplitude, would indio 
cate the direction of a reflection. Subsequently, 
Kay, [2] found that amplitude difference was the 
dominant cue. It was later demonstrated by Rowell 
[3] that time and frequency differences were in. 
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compatible, impeding the fusion of bi,naural signals, 
and proposed that the possible interaural ditI'erenees 
he reduced to that of only amplitude - as far as 
this was physically possible. 
The means for producing this new form of audi-
tory space was built in the form of a sensory aid for 
the blind, shown in Fig. 1 (4], [5], and a sonar to 
10ca to fish, Fig. 2 (6], (7 J. . 
Both systems were evaluated during 1970-72. 
:fig, 1. Binaural sensory ai,d for the blind. 
Fig. 2. Transducer for binaural sonar. 
2. Evaluation 
2.1. Sensory aid tor the blind 
About 200 blind people have learned to use the 
sensory system as an aid to spatial perception and 
to gain improved mobility. W4en 100 people had 
been trained by specially qualified teachers, both the 
users and teachers were questioned by a profession-
ally prepared questionnaire [8], [9]. It was found 
that users learned to interpret the very rich audi-
tory iriformation with comparative ease. After 40 
to 60 hours of training over a period of four weeks, 
many of the users were able to travel in a busy 
pedestrian Mea with grace and confidence not seen 
in tot1j;lty· blind people before. A few, at least, ap-
proached a behaviour pattern not unlike that of a 
sighted pedestrian (as recorded on film). 
Two schools!, specialising in the training of 
mobility instructors and who were involved in the 
evaluation, have now commenced training more 
instructors in the use iJf the Binaural Sensory Aid. 
This form of auditory space has come to be accepted 
as a viable means for aiding blind people to pereeive 
their immediate envirOnInent. 
3.2. Fishing sonar 
The fishing sonar was fitted to the bows of a 
5.4 m boat and tested in 36···54 m of water in the 
Marlborough Sounds (N.Z.). Even when the water 
was choppy with 0.3 m waves causing the boat to 
rock and pitch considerably, it was easy to track a 
45 cm dimater sphere submerged to 18 m as the 
boat and sphere drifted apart up to 100 m. The 
transducers was not stabilised; its field of view 
covered an arc of 50° in azimuth and 30° in evalua-
tion. The listener was able to correlate the move-
ment of the boat with the changes in auditory 
sounds and "stabilise" his auditory space. This was 
the most unexpected of the findings using the new 
display. Earlier trials with a stabilised .F. M. Sonar 
had demonstrated the capability to the auditory 
system to track similar underwater targets [10]. 
Later sea tria,lslasting four days on a 14 m launch, 
again with the transducer fitted to the bows, showed 
that shoals of fish could be readily detected up to 
135 m. The boat was easily steered by an untrained 
person over the top of the shoal so as to obtain 
confirmatory evidence on an echo-sounder. When 
two shoals were located at the same time in different 
1 Dept. of Blind Rehabilitation, CoJlege of Education, 
Western Michigan University, Kalamazoo, Michigan 49001, 
U.S.A .. and National Guide Dog Training Centre, Royal 
Guide Dogs for the Blind Associations of Australia, P.O. 
Box 162, Kow, Victoria 3101, Australia. 
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directions and at different distances, the choice 
could be' made to steer over either the larger or the 
near shofl,l. Greater ranges are thought likely if the 
transducer were fitted deeper under the hull of the 
boat and some engineering modifications made to 
the transducer design. 
It was also found that two different species of fish 
could be recognised as "different" by the difference 
in the character of the echo sounds they produced. 
The probability of locating a shoal appeared to be 
increased significantly [7]. 
2.3. DisOU8sion 
The results of both the evaluations indicated 
clearly the ability of human operators to use tlie 
new auditory display with relative ease, even t40ugn 
the input to the ears was rich in information. Whilst 
the sonar operator steering a boat travelling at 
2.5 m/s has approximately 60 s in which to carry 
out his operation, a blind person walking at about 
5: ~m/h along a footpath has only 2.0 s in which to 
avoid a stationary pedestrian in his path at 3 m 
distance. The blind traveller then experiences ex-
ceptionally high rates of fractional range change. 
Even so, the control functions are readily generated 
by the user so that the task is easily executed [11]. 
Under these dynamic conditions the display is 
!lot correctly describcd by the very simple concept 
presented in the introduction. Thls paper dcscribes 
the auditory signals more complctely and explains 
why simple controllcd laboratory experiments may 
give misleading results. 
3. Systmil c~ncept 
Thc basic parametcrs of the auClitory display of 
spatial information are simply dcscribcd under 
stationary conditions the distance to !:tn objeh~ 
ih the system field of view, of say 60", is proportional 
to the frequency of the audible Bound output of the 
device (typically 900 Hz/m for the Blind Aid and 
25 Hz/mfor the sonar), and the direction of an ob-
ject is iqdieated by the binaural difference in loud. 
ness of the sounds fed to each ear (typical I.A.D. is 
0.4 dB per degree in both systeIlls). These are 
illustrated in Fig. 3. 
\ 
\ 
\ 
\ 
t Object 2 
~ I 
/ 
I 
I 
Arc of sensitive Perception 
Binaural Receiver 0 0 
Typical LA.D. 
as Oirection Cue 
L 
30' 20' 
-10 
-C( 0 C( 
(J~-.... 
20' 30' 
(J-
Ambient Noise level 
Fig. 3. Illustration of basic parameter for sonar. Maximum 
range is 180 m for fish Bonar, and 6 m fOI' blind aid, the 
corresponding maximum audio frequehcy is 5 kHz. 
(a) Targets ill sonic beam, 
(b) binQ,uml direction code, LA.D. proportional to 0, 
(c) the recciverrespons8.9: Left curve (1) and rightcufvc (2). 
Right Receiver 
Hi h 
Impe3ance 
Pre-Amplifiep 
R 
Fig. 4. Block dingl'nm of It sonar system. 
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To provide these combined distance and direction 
indicators, a . oontinious transmission frequency 
modulated echo location system must be used, 
typic~lly ..:.. but not restricted to operating over 
a frequency range of approximately 40 kHz to 
80 kHz as shown in Fig. "'. There seems to be no 
other simple way to obtain these dlsplay parameters 
which are qUite unique in their ~o~e oomJllex form 
under the dynamio conditions of human location. 
The radiated signal Qf the transmitter is oyolic 
and of the form (sh0W¥ in ]'ig. 5) 
t 
Time-
r-, r-l I ~ Rejected Signal I: 
I I I I 
I I I i 
----~I ~~--------~~i I~---
Audio 
Frequency 
--1 I--
\ 
Lost Time 
Envelope 
of 
Signal 
due to inaudible 
( frequency 
Shaping of Envelope 
Fig. o. F.M. sweep parameters and audio output signal 
(statlom~ry condition). 
(t) 
where 
, 
ts is the time during a sweep cycle, i.e. 0;;:;; ts;;:;; Ta, 
'[IS is the sweep period, 
m a eonstant .to be ohosen. 
This signal may be assumed to have a rectangular 
envelope of duration Ts neglecting the "lost time", 
Any instant, t tn + ts; where tn is the beginning 
of the n-th period of the modulating function and 
ts varies between 0 and Ta. 
At the time t, the instantaneous transmitted fre-
quenoy is 
(2) 
3.1. Stationary conditions 
Under perfeotly statio.nary oonditions the re-
ceived signal SR (t) is a delayed replioa of the trans-
mitted signal refleoted by an object at distance r. 
lIence . 
(3) 
If c is the velocity of sO\Uld in the propagating 
medium then ., the range delay, is 2r/c; iX(r) is the 
attenuation due to range r. The instantaneous phase 
angle of the received signal is then 
OR(t) = 21t (/2 (ts .) m/2· (ta .)2) . (4) 
The received frequency is given by 
1 dOR(t) ( 2r) 
21t ~d-t - = /R(t) = /2 - m ts - -;;- . (5) 
The range code of the system is obtained from 
the difference between the transmitted and received 
frequencies at time t. 
/a lfl.(t) - /T(t) = 
2mr 
c 
and is made audible by a suitable choice of m. 
(6) 
Thus, whilst the transmitted an~ received signals 
are time varying and inaudible between 40 and 
80 kHz, the audible signal is oonstant, proportional 
to the distance " in the interval tn < t < tn+l 
(neglecting short transient intervals ~ Ts). 
If an objeot consists of a number of surfaces each 
scattering energy baok to the receiver and the 
distance to each surface is r + Ilrt the audible signal 
corresponding to the object will be 
Sa i~ iX(r)Ate~{21tj 2cm (r + Ilri)} t. (7) 
This is a narrow band of tones representing each 
refleoting poiht on the surface forming a spectrum 
of signals qniquely related to the geometry of the 
object in space, and consequently having a unique 
audible charactel'. 
3.2. Non-stationary conditions 
3.2.1. Constant velocity situation 
When a sensory system is in use either worn on 
the head or fitted to a boat, there is normally con-
tinuously varying relative movement between the 
environment and the transduoers producing a 
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Doppler shift in t~fl reflected signals, The simple 
range code descri,bed for perfectly stationary condi-
tions then chang~s to a pattern of sound variation 
uniquely related to the relative change in distance 
and qirection taking place in the environment, 
If, to simplify the situation, the relative velocity 
between user and an object in space is assumed to 
hfl constaIlt (v), then the distance to the object is 
ghT~n by 
r(t) r(O) - vt 
(assuming a radial approach velocity) 
where 1'(0) is the initial range at to O. 
The received signal is then a Dopplel,' shifted 
"replica" of the transmitteq. signal T secottds ago 
which was reflected from an object at distance 
v t(t) 
r(t-T/2) = r(t) + -2- (see ]!'ig. 6). 
Transmission 
Signal 
. ZfT(t)v 
Doppler Shift '" -c-
,,~(t) 
I "~'" 
. "" Static Range I " " 
Code - 2mr(t) 'I "-
- c 
I I 
, I 
L..-·-t ----J o S I 
I 1 
I~ ~~~--~~ 
t I 
I I 
I I 
I I 
Time-
Fig. 6. poppler shifted "replica of transmission wave" 
(constnnt approach velocity r(t) = v). 
or 
Then 
T(t) 
, 2 
fTT (t) 
r+ 
2r(l) 2(r(0) vt) 
• T (t) = -- = --.. ~-... -. ..:..-
C - V C v 
The l'ecflived signal is 
Ba(t) rt.(r) BT(t - T(t)). 
(9) 
(10) 
Substitution of eq. (1) tn eq. (10) lflads to the 
difference frequency between this received signal 
and the transmitted signal at the same instant and 
may be shown, by simple differentiation and mani-
pulation, to be 
2m 2v fa(t) ~ (r(O) - vt) 
c 
--(f2mts). (11) 
c 
'fo appreciate the significance Of this, an example 
is shown plotted in Fig. 7. There is a shift in the 
indicated range about which there is a saw-tooth 
cyclic variation. This pattern of change is due both 
to the Doppler shift of frequency in the medium 
and the wide variation in transmitted frequency. 
5r-----------------~ 
kHZ 
o~' ----~----~------~--~ 
o 0.5 1.0 1.5 2.0 
TIme-
Fig. 7. Audio signal variation due to constant radial velo. 
city v; v = 1.5 mis, 12 = 100 kHz, II = 50 kHz, m = 
200 kHz/s, T 250 ms. The dashed line corresponds to the 
static range code (i.e. no Doppler effect). 
3.2.2. Varying velocity situation 
A simple constant velocity situation is rare under 
conditions of human locomotion - the human body 
is capable of considerable acceleration, and varying 
velocity could be considered to be the more normal 
condition generated by man's peripatetic movement. 
It is shown in Appendix I that the general form 
for the audible signal frequency is 
2m 2fT(t) r (t) 
fOo(t) :::: r(t) - • (12) 
c c. 
For the special case of constant acceleration, a 
towards the observer the audible signal frequency 
fOo(t) ~ 2; (r(o) - vot ; t)+ 
2 ~ (/2 - mta) (vo + at) (13) 
c 
where Vo is the initial velocity. 
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From the plot of Fig. 8 it \Vil~ be seen that the 
acceleration produces a non-linear change of audio 
frequency dw-ing the periocl tn < t < tn+ 1-
I~ the case of a fishirig sonar the effect of ship's 
acceleration is usually trivi~l, but Doppler shift 
produced by a large fish may not be. 
It wUl be evident that uncleI' i;eal life conditions 
of, fqr example, mobility by the :Blind in a busy 
pedestrian area where people are moving with 
vatying acceleration, and where the relative 
kHz 
4 
..... , 
3 
t 
fa 2 
Sound" Pattern" due to Ooppler Effect 
'-, 
, 
\ 
\ 
\ 
\ 
\ 
\ 
\ 
\ 
\ 
\ 
O~----~--~----~----~ 
o os 1.0 1.5 2.0 
Time-
Fig. 8. Constant acceleration sound pattern; Initial velocity 
Vo = 0; constant acceleration a = 3 m/s2, /2 = 100 kHz, 
It = 50 kHz, m 200 kHz/s, T = 250 ms. The dashed 
line is the static range code (Le. no Doppler effect). 
5.------------------------. 
kHz 
3 
f 
fa 2 
-...... ' 
..... , 
',-, 
'-
",-
. >-
"Static" Range Code '-
0.5 
" "-
..... -
Corresponding -t 
tot32m I 
I 
to 
Time-
1.5 s 2,0 
Fig. 9. Varying velocity sound pattern, approaching an 
. object from 3 m and stopping at 1.32 In. For 0 ~ t 0.5 s, 
initial velocity 0, accelemtion = 3 m/s2 1 for 0.58 t 
~ 1.55, constant velocity = 1.5 m/s; for 1.5 5 ~ t 1.758 
deceleration 6 m/52. 
velocity between user and fixed objects will als( 
vary, the . audio signals from this sensory systerr 
,will change in an indescribably complex way 
each signal having' its own unique character (seE 
Fig. 9). 
4. Direction codo 
The discussion has thus far been about thE 
distance code. The direction code of the binaura 
sensory system is designed to follow the rehitionshiI 
of 
Oe k log (la/IL) 
as far as this is physically possible - shown plottec 
in Fig. 3, where 
Oe is the estimated direction as perceived by thE 
user, 
k is the auditory localizing coefficient ofthe user 
IR, IL the sound intensities of the right and lef: 
ears respeetively. 
Subjects vary in their sensitivity to interaura 
amplitude difference, and by a ~uitable choice of k 
the direction code can be matched to the user s{ 
that Oe 0 the actual directiort. 
The I.A.D. code is obtained in practice by usin~ 
a specially designed transmitter·receiver transduce' 
arrangemcnt (Kay [5]). The ideal overall transduce: 
response is shown by Rowell [3] to be 
A(O) cexp[(-O±oc)2/4ock; 
where oc is the splay angle of the receiver trans 
ducers, c a constant (illustrated in l!"ig. 3). This if 
practice may only be approximated. 
When the two signals of neady the same fre 
quency are being received, one from object (a) am 
the other from object (b) separated by an angle <P 
the auditory system is unable to discriminate the I 
and R stimulus from object (a) and the L and I 
stimulus from object (b). Only when the L and I 
responses from object (a) fuse to indicatc an objec 
in direction <P (a) and the Land R responses fron 
object (b) fuse to indicate an object iIL directiOl 
<P(b) , is it possible to expect discrimination h 
direction. It is also well known that two tone! 
presented to a subject simultaneously must diffe 
considerably in frequency to be heard as tW( 
distinctly separate notes. . 
It would seem therefore that spatial resolution h 
the binaural system would be exceedingly poor. 
o. Discussion on resolution 
It has been shown however that locomotion, whe! 
wcaring the sensory aid, produces rapidly varyinl 
auditory signals - not tones. Only rarcly are w, 
interested in the system resolution when standinl 
ACUSTICA 
Vul. 36 (1976/77) L. KAY I1l1d M. A. DO: AN ARTIFICIALLY GENERATED AUDITORY SPACE 7 
Fig. 10. Perspective of Bound pattern for 
radial motion. 
perfe9tly still. The same applies to the fishing 
sonar -if less so. Early experiments to determine 
the resolution as a function oithe range and direc-
tion cues combined showed that the frequericy of 
two tones presented simultaneously had to be 
almost an octave apart before they could be heard 
as distinctly separate and a direction attributed to 
them [3]. Experience with blind people using the 
sensory aid in real life situations suggests that much 
greater resolution is being enjoyed. What blind 
people must perceive are ti!lle varying "tones" 
producing flow patterns of sound related to the 
changing spatial positions of the reflecting objects 
relative to the user. A very siIllple illustration is 
given in Fig. 10 using the signals illustrated in 
Figs. 7 and 8. 
The flow patterns obtain when, for example, 
objects are being approached and then passed on 
the left or right are not unlike the flow patterns 
experienced by a driver of an automobile passing 
street lights in a thick fog. Gibson [12] discusses 
such flow patterns in vision during locomotion. Thus 
even though the form of the "sound patterns" may 
be mathematically very complicated for realistio 
mobility situations when several objeots can be in 
the field of view at once, each pattern must be 
perceived as having a very simple cognitive form 
related to the changing spatial co-ordinates. 
It is now belieyed that these sounel patterns each 
having unique character in both flow and pitch 
quality (see eq. (7)), such as illustrated in Fig. 10, 
allows the auditory system of humans to exhibit 
greater resolution than has previously been shown 
possible from exp~riments; it could be the explana-
tion why some blilld people have come to Use the 
sensory system so effectively. 
To describe quantitatively the resolution capa-
bility of the sensory system as a whole, It series of 
controlled experimental tests have been conducted 
simulating dynamio conditions. These are reported 
in the accompanying paper. 
(Received August 5th, 1975.) 
t, to Object (a) 1 Constant Acceleration 
I 
If a 
I 
t .. r ...... , 
t1 
Oistance-
Appcndix I 
At the time t, the instantaneous phase angle of 
the L.F.M.-C.W. trarismitted signal, 
ST(t) exp [I j OT(t)I], 
is represented by 
OT(t} 21t 1 12 ts (Al) 
where t tn ta, tn is the beginning of the n-th 
cycle of period Ts. Thus, while t varies between tn 
and tn+!, ts varies from 0 to T s; m is the sweep rate, 
and the instantaneous transmitted frequency is 
/T(t) /2 mta 0;;;;; ts T s , (A2) 
12 is the upper limit of the transmitted frequency. 
If the received signal is a Doppler shifted replica 
of the transmitted signal with a time delay • (t), 
then its phase angle at the time t is 
OR(t) 21t1/2(ts .(t)}-
- m/2 (ts - • (t»21. (A3) 
The received frequen9Y is given by 
IR(t) 12 - /2-i(t) - m(l - i (t» (ts -T (e» (A4) 
and the range coding frequency is the difference 
between /R (t) and IT (t) 
la(t) = m .(t) (1 - itt)~ - i(t) (/2 - m ts) (A5) 
where the dot represents the time derivative. 
The general expression of time delay is 
.(t) = ~ r(t _ .(t») 
2 0 2 
(A6) 
where r(t) is the instantaneous range, and 0 is the 
sound velocity. If the tate of change of r(t) is much 
smaller than c, then the following approximation 
is available, 
2 r(t) 
• (t) :::::: 
c 
1
2 Ht) 1 
-_ .. ~1 
c ' 
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and 
2m 2 r(t) 
Io.(t) ~ -r(e) - IT(t) 
c c 
(A 7) 
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llesolution In an Artificialiy Gen¢rate4 
Multiple Object Aud~tory Sensations Spaqe Using, New 
A1lditory Sensations 
by M. A. Do and L. l(ay 
Electrical Engineering Dept., University of Cnnt{lrbury, Christchurch. New Zealand 
Summary 
Auditory space, produced by mea~B of a Continuous Transmission Freql1ency Moclulnted (C.T.F. 
M.) wide beam, wide band sonnr, has been used in a senaory aid for the blind for Bome time. Yet, no 
satisfactory definition of auditory resolution which is directly related to spatial resolution, has 
been obtained and measured by controlled experiments. In this pllper, laboratory experiments, 
using realistic system simulation techniques are described which determine the ability of subjects 
to resolve objects in space by auditory means, under both static lind dynamic conditions. It is 
shown that while the auditory frequency resolution is poor under stat,ic conditions, it is signifi-
cantly improved in the dynamic case. The Doppler effect, involving doubling the'rate of change of 
the audio frequency, plays a significant part in this improvement. An increase in relative velocity 
of an object may also enhance the resolution capability quantitatively liS well liS qtlalitatively to 
an extent that signals may be resolved cognitively before the subject's reaction can take place. 
, AuflOiung in einern kunstlich eruugten Multi-Of>jekt-Horereigni&raum 
unter Verwendung neuer Horempfindungen 
Zusammenfassung 
Ein durch ehi. breitbandiges und breitstrahliges F1.f-Sonar-System mit kontinuierlicher Vbcr-
tragung (C.T.F.fif.) erzeugter Horereignisraum wurde seit einiger Zeit in einer Sehhilfe fUr Biinde 
benutzt. Bis jetzt wurde noch keine befriedigende Definition der Hor-Auflooung, die in direkter 
Beziehung zur riiumlichen Auflosung steht, angegeben und in kontrollierten Experimenten ge-
messen. In dieser Arbeit werden Laborexperimente beschrieben, die unter Verwendung realisti-
scher System.Simulationstechniken die Fiihigkeit von Versuchspersonen, Objekte im Raum tiber 
den Gehorsinn zu 10kRiisieren und zu unterscheiden, sowoh! unter statischen als auch unter dyna-
mischen Bedingungen bestimmen. Es wird gezeigt, dull die gehormaBige Frequenzauflosung unter 
statiachen Bedingungen gering ist, wiihrend sie sich im dynamischen 'Fall signifikant verbessert. 
Der Doppler-Effekt, del' eine Verdopplung del' Rorfrequenziinderung mit sieh bringt, spielt bei 
dieser VerbeBBerung eine weaentliche Rolle. Ein Anstieg der Relativgeschwindigkeit eines Objekts 
kann auch die AufloBungsf1ihigkeit Bowohl quantitativ als auch qualitativ so erhohen, daB Signale 
kognitiv aufgeloot werden konnen, bevor die Reaktion del' Person stattfindet. 
Sommaire 
La resolution damrun espilc€ d'ecoUte artificiel a usage8 multiples 
utilisunt de.~ sensation8 auilitives nouvelles 
On,a utilise un cspace d'ecoute produit pal' un large faisceau de transmission module en fre-
quence formant un sysUlIne sonar (CTFM), depllis quelque temps deja, COmme aide aux aveugles; 
mals on n'a PIIS defini de fa90n satisfaisante Ie pouvoir de resolution auditif lie directement au 
pouvoir de resolution spatial, et on ne \'a pas soumis a des mesures de contrOle. Dans Ie present 
article, on decrit des experiences de laboratoire, utilisant des techniques realistes de simulation; 
ces experiences determinent la capacite des Bujets It distinguer des objets dans l'espace par des 
moyens auditifs, dans des conditions taut statiques que dynumiques. On montre que si 10, resolu-
tion en frequences audible est me~iocre dans des conditions Btatiques, elle est notablement meil-
leure dans Ie cas dynamique. L'effet Doppler, qui double Ie gradient de vat'iation de la fr~quence 
sonore, joue un role important dans c!ltte amelioration. Le'pouvoir de resolution peut !l,1,lBsi etre 
ameliore, quantitativement et qua\it.atlvement, par un uccroiBsement de la vitesse relative de 
I'ob~tacle, a tel point que les signaux peuvent l\tre resoluB de maniere cognitive avant que In re. 
action du Bujet n'ait pu se prodl1ire. 
No.1 
1. Introduction 
In the preceding paper by Kay and D<,> [1], it was 
shown that auditory signals produced by a O. T. F. 
M. wide-beam, very wide-band sonar vary in a 
, manner which is uniquely related to spatial change. 
It was suggested that the patterns of change which 
are produced by relative movement could be the 
reason why blind users of this sensory system are 
able to discriminate the complex signals from mul. 
tiple objects in a real environment. This was deduc-
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ed from the observed ability of blind peQple to 
hegotiate comE~e~ real environments and be ~ore 
effectively mobile [2]. No supporting measures of a 
quantitative nature were obtained during the ex-
ten~ive evaluation [3] because of the difficulty in 
collecting meaningful data on wh8:t subjects were 
using as spatial cues under dynamic conditions. It 
is of course possible to measure performance in a 
simple well controlled situation, [4] but once an 
individual is allowed free movement and personal 
control of his motion in his normal habitat, the 
variables become impossible to handle. 
La1:ioratory expe~'iments prior to the evaluation, 
which were desig~ed, using system simulation, to 
determine the /!-bility of subjects to resolve objects 
in space by auditory means, used only static situa-
tions to facilitate controlled measurement [5]. The 
results of these experiments showed subjects had 
po?r resolution capability and failed to explain 
subjective impressions of resolution capability 
whilElt in motion when using the sensory system. 
Rowell [5] did, however, show that the simulated 
direction cue of interaural amplitude difference 
could be matched to individuals more effectively 
when rotational head movement was permitted to 
vary the cue. Subjects could estimate direction 
more accurately when relative angular motion took 
place. Time did not permit other forms of motion 
to be simulated. 
In the case of the fishing sonar designed by Smith 
[6] the ability of an operator to discriminate be-
tween two shoals of fish appearing simultaneously in 
the field of view remains unexplained. Here the 
operator is presented with reverberation from all 
ranges simultaneously, the "cluster" of tones -
one from each fish - in shoal (a) in the mean 
direction ()a and the "cluster" of tones from shoal 
(b) in the mean dir.ection ()b. He was able to say 
which shoal was the larger and which was the 
nearer of the two, Experiments to determine audi-
tory resolution under these conditions will require 
the generation of many tones having slightly dif-
fering spatial characteristics which include the ran-
dom spatial motion of fish within the shoal. Pro-
duction of such a set of conditions has not yet been 
attempted. 
This paper describes somc simple experiments 
using simulation techniques as a first attempt to 
determine the apparent influence ofsp a tial change 
on resolution in an artificially generated auditory 
space. Only two objects are simulated and the 
relationship to the sensory aid for the blind and the 
fishing sonar are discussed. A new auditory sensa-
tion is produced. 
2. Ffefluency resolution of the ear -
the static sit\lation 
Studies in auditory perception using two tone 
are generally referred to as masking experiment 
rather than resolution experiments because of th 
nature ofthe enquiry. Here we are interested in hm 
well we can perceive space by auditory means ani 
determine how far apart objects must be in order t 
perceive two separate things. This concept has bee 
extensively studied in relation to visual displays c 
space such as used in pulsed sonars and radars, ani 
physical criteria for design purposes have been dE 
veloped. No similar design criteria exists in auditor; 
perception because no satisfactory physical modE 
exists for the auditory process. 
Plomp and Steeneken used two response criteri 
for their masking experiments which have littl 
physical meaning but which seem to be readil; 
perceived by the subjests as psychophysical sensa 
tions. These were a) the frequency difference bE 
tween two tones for which the harshness of di~ 
sonance produced by the tones reaches a maxi 
mum, and b) the frequency difference for jus 
absence of interference between two tone! 
Neither of these criteria lead to an understanding c 
auditory resolution as we seek to define it. Rowe 
[5] sought to define the frequency resolution as th 
least frequency difference between two tones s 
that one could perceive both clea.rly and distinctl) 
Using six subjects he showed that judgments coul, 
vary from Jill being 4% to 40% where JI is th 
frequency difference and I the mean of the two frE 
quencies. When questioned, those subjects whic 
gave 40% said they heard the two tones as diE 
tinctly separate. This latter result was th 
closest to indicating the resolution capability of th 
auditory system in terms which related to the son a 
system we were attempting to evaluate. 
A procedure has now been designed to measUl' 
the frequency resolution which is defined as th 
least frequency difference between two tones so tha 
they ate perceived as being distinotly separatE 
2.1. Procedure 
Let /1 be the primary frequency, and 12 « /1) b 
the secondary frequency. Initially 12 ~ /1 so tha 
they are distinctly heard as two separate tones. 12 i 
then increased step by step until it reaches th 
maximum value for which both /1 and /2 are sti 
resolvable in the sense deflned. For each pair of I 
and /2, two tests are successively carried out t 
verify tl).e Sijbjects' judgment that 
1) Two and ~nly two tones are perceived, 
2) tl£e perceived tones are the stimuli. 
ACUSTICA 
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Tes t 1. In this test the subject's task is to listen 
to a sound, which randomly includes either two 
components hand 12 only, or three components It. 
12 and Ia. where the additional component la may 
have one ofthe values 212 - It. or It 12. A "Yes" 
or "No" answer must be given to the question "is 
this only two tones". A "No" answer should be given 
when three components are included in the stimuli. 
Test 2. If the answers given to a pair of It and 12 
are correct, test 2 is carried out. Right after a "Yes" 
ap.swer is given in test 1, a single tone is then used 
as a stimulus through the subject's headphones. 
Either of two questions are then asked "is this the 
low tone"., or "is this the high tone", while this 
single tone may have the value of either It, /2, 
2/2 It, or fr - Is. If the answers are correct, the 
tests are repeated with another pair of fr and /2. 
The experiment was carried out in an anechoic 
chamber and equipment was set up as in :Fig. 1. 
Head 
Phone 
Fig. L Equipment arrangement for resolution in the static 
situation (Experiment 1). 
1800 
Hz 
1500 
1200 
t 900 
M 
600 ~ 
:i 
300 
o 
0.1 0.2 
V 
~/ V 
0.4 0.6 0.8 1.0 
'1 
/ 
/ 
/ 
V 
/ 
2.0 kHz 4.0 
Fig. 2. Meun frequency difference so that two tones cun be . 
resolved. 
8--e Continuous tone, 
o 0 0 pulscd tone (period 28, blanking 0.28). 
The mean values given by Jour subjects are present. 
ed in Fig. 2. Both continuous and pulsed tones 
were used. Taking 1 = (It + 12)/2 and A I = It - h. 
then Alii was approximately 40%. These were in 
agl'eement with the findings of Rowell. 
3. Itesolving two changing tones -
the dynamic situation 
Consider now the simulation of two adjacent ob-
jects, 1 and 2, in auditory space described by two 
pairs of variables [rl (t), (h (t); r2 (t), (}2 (t)] where r (t) 
and () (t) are the instantaneous object range and 
azimuth angle respectively. Motion of an object 
with respect to the sonar system (Blind Aid 01' Fish 
Sonar) changes the frequency of the transmitted 
wave as it is reflected by a factor of approximately 
(1 2r(t)/c) where r(t) is the relative velocity of 
the 0 bject and c is the velocity of propagation of the 
sound wave. Then for a broadband transmission 
signal higher frequencies must undergo larger Dop-
pler shifts than the low frequencies in the transmis-
sion band. The range coding of the sonar system for 
an object of range r (t) is given by (see Kay and Do 
[1], appendix 1). 
where 
Ill. (t) 2mr(t) (1) 
r (t) is the time-derivative of r (t), 
m is the sweep rate of the modulated trans-
mission frequency IT (t), IT (t) = /2 - m,ts ; 
/2 is the upper limit of the transmitted fre-
quency, 
ts varies between 0 and T a , 
Ts is the repetition period of the modulation 
function. 
At any instant, t = tn tB , where tn is the be-
ginning of the nth period (see Fig. 3). 
Time-
Fig. H. Tmnsmission and reflected signul pnmrneters. 
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The interaural amplitude difference lAD (t) is 
also a function of time under conditions of motion 
and is proportional to O(t). Thus when these spatial 
codes are used as auditory stimuli the resolution 
capability must be a function of four variables 
[fal (t), IADI (t), fa. (t), IAD2 (t),]. 
Clearly any function of four dynamic variables is 
too compl~cated to be studied and described by 
subjects at this stage. Hence in the experiment to 
be described la. IADi and IAD2 are held constant, 
varying only lal as described in eq. (1). The experi-
mental procedure was base4 entirely upon 'the 
HpsychoJogical phenomenon" described below. 
3.1. The psychological meaning of auditory reso-
lution under conditions of change 
Une of the diffieulties in psychophysical experi-
ments is to determine a suitable method of verifying 
the psychological judgements of subjects to ensure 
that they respond to the psychophysical phenomena 
to be studied. It was known [5] that presenting 
simultaneously two tones assigned values fal and 
fa. each with its own value of lAD produces a 
result which is similar to that obtained in the ex-
periment described in Section 2. The assignment of 
a value ofIAD (by Rowell) did not affect'the capa-
bility of resolution in range under static conditions 
as compared with zero lAD as used in the experi-
ment of Section 2, but it did mOre clearly define the 
psychophysical phenomena being studied compared 
with Rowell's earlier experiments, since subjects 
were required to indicate left or right directions to 
the second tone. The two tones had to be perceived 
separately to do this. 
This same decision was required in the dyna-
mie experiment. It was designed to simqlate con-
ditions experienced when using tlie sonars. Initially 
at t = 0, fal (t) "" faa and the subject hears slow 
beats and feels only one complex· image in the 
auditory space. Its lAD is the combination of 
IADI and IAD2 . As t increases fal (t) decreases 
according to eq. (1). The interference between 
the two tones changes in a unique way (because of 
the signal uniqueness) until at a certain instant 
t h the subject feels the image of fal (t) 
flow "left" or "right" in auditory sp~ce, 
according to the assigned values of lAD 1 and IAD2. 
The attention appears to be captured by the "mov-
ing" tone which may be thought of as forming a 
fJow pattern in space. At this instant the subject 
is required to respond by pressing a switch to store 
the value of fal (t). fal (t) is allowed to continue when 
the attention can be transferred to fa. which then 
appears in its appropriate auditory spatial position. 
This is always secondary to the initially perceived 
flow of tal (t), but occurs almost simultaneously. 
The psychological phenomenon is described in Fig. 
4. The judgment of subjects can be verified 
by questioning them on the relative move-
ment of the images. The frequency reso-
lution can be defined here as the frequency 
difference between fa. and fal (t) at which the 
two tones separate and "slide" in auditory 
spaee to their respective positions. 
Combined 
(changingl tal (tll t OImage T faz(statiooary) 1 . I fa 
I' I I 
1 
1 
1 
I 
I 
I 
I 
I 
I 
I 
IAOl .IAOz 
IA01 
left 
IAD-
I ., faz 
)-
1 ry/,j 
fa ..... - I 
- J ImageZ I 
- I Image1 I 
IAO---
, I 
I 
I 
I 
I 
IAOZ 
Right 
t=o 
Fig. 4. The psychological phenomenon of resolution in a 
changing situation. 
3.2. Simulation of the problem 
We are concerned here with simulating a situation 
which relates to a real experience. IIi the experi-
mental situation described, the Imditory sensations 
resemble what would be obtained if one object at 
range rl OI approached the sonar with constant 
radial 'velocity v, i.e. rI(t) = rI(O) - vt and a 
second object were stationary at a range 
rd rdO),] O2 • 
Then the range coding frequency is given by 
2mrl(O) 
ta.(t) = C + 
2v 2v 2v 
+ h- m~ mt ~ 
c (l C 
or (3) 
ACUSTICA 
~ vol. 36 (1976/77) M. A. DO and L. KAY: NEW SENSATIONS IN AN AUDITORY SPACE 13 
A linear voltage controlled oscillator was used to 
produce the frequency. function from the voltage 
fUnction 
(4) 
where ex and Va, (0) are linearly related to 2 vm Ie 
all(~ lal (0). An analogue computer was used to pro-
duce the voltage function of eq. (4) and to control 
the experiment. 
Fig. 5 shows the panel patching of the computer 
and Fig. 6 shows the arrangement of the equipment 
for the experiment. 
Oigital 
Display 
Fig; 5. Analogue computer to generate Va, (t) and to con-
trol Experiment 2. 
(For Experimenter) 
Analogue Computer 
* Val (t) 
* Track and Store 
Valve of faj (t) 
.. Control 
Binaural Headphone 
Fig. G. Arrangement of equipment for Experiment 2. 
3.3. Experimental procedure 
The subject's task was to listen to the complex 
sound including la, (t) and la. as dp,scribed and press 
the switch to store the value of lal (t) at the instant 
the descending tone was perceived to slide to the 
left or the right of the initial complex image. Each 
subject was questioned about the direction of shift 
of either the low tone (fa, (t)) or the high tone (fa.). 
For each value of la. the experimenter recorded the 
values of la, (t) for different values of lAD! and 
IAD2. These latter are changed in a random manner 
according to a table. 
3.3.1. Experiment 2 (The simulation rela-
tes to the fish soUar because the rates of 
change encountered are such as to allow a 
subject to respond without introducing 
serious error due to the delay in response) 
Suppose that the approach velocity of object 1 is 
v = 1.5 m/s the velocity of sound is taken as 
1500 m/s Ts = 3.2 s, and 'ln = 12.5 kHzls then 
lal (t) = la! (0) - 25 (t + ts). 0 ~ ts 3.2 s. 
(5) 
Three subjects S1, S2, Sa, were used in the ex-
periment. Values of Iu" (0) 12 were chosen to be 
tOOO, 2000, and 3000 Hz, while the values of lAD 
were 0, 4, + 8, + 12 dB for object 1 and - to, 
6, - 2, + 2, + 6, and + 10 dB were chosen for 
object 2. 
In this experiment a delay in stopping lal (t) of say 
an upper limit of 0.5 s, due to a subject's reaction 
time, may intl'Oduce an error of + 25 Hz to the 
recorded value of lal (t). However, since la, (t) de-
crea,ses in a saw-tooth manner with a sweep of 160 
Hz per sweep period Ts and a reset of 80 Hz (see 
Fig, 7), the subject's delay may occur at the end of 
JDOOr----~--__r---r_--..., 
Hz 
28401-' ---'!---'....--+.:---t---__I 
t 
fa 
26801----+---+---'f-·-~__I 
2520 . __ ---L ___ '-__ ..L-__ ~ 
o 3.2 6.4 9.6 S 12.8 
Time-
Fig. 7. Variation of range coding frequency with respect to 
time in Experiment 2. 
la, (t) = :JOOO - 25t 25t,., where ();£ t. ;£ 3.2. Tho 
broken linea correspond to ambiguous signals blanked out. 
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a sweep period when fal (t) is reset 80 Hz to start a 
new sweep. The error may then be (25 80) 
Hz = 55 Hz. To reduce these errors fal (t) was 
recorded four times and averaged. ]'ig. 8 shows the 
results of the three subjects. The variation of fal (t) 
due to delay all(~ reset errors and subject variation 
was greater than the variation between' values of 
lAD. The dependence of tal (t) on the lAD cannot 
therefore be determined. It is now assumed to be 
negligible so the value of LJt for each faa is found by 
averaging over all values IADl and lAD2• 
600.---------------, 
Hz 
500 
400 
1 300 
100 
Variance of 
Possible Errors Recorded Values 
due to Reaction Delay t--=---. 
I Sl 
kHz 
'a2-
Fig. 8. Variation of the frequency resolution ,1lav with 
respect to frequency averaged over all values of lAD (lAD 
variable hus negligible effect). 
Quite a wide variation between subjects can be 
expected, but "within" subject variation is seen to 
be small. 
3.3.2. Experiment3 (Fr'equencyresolution 
with cyclic variation removed) 
We wished to determine the influence of the saw-
tooth variation on the resolution capability of the 
auditory system. Whilst in practice this cannot be 
eliminated, and it plays an important part in shar-
pening the ambiguity function of the sonar sys~m, 
We cOuld not predict its influence on the auditory 
resolutiofl. The frequency function for this ex-
periment became 
2m , 2v 
fal (t) - r(t) = fal (0) 
o . 
(6) mt 
from which we get 
tal (t) = tal (0) - 25t. (7) 
Repeating the experiment with S2, who demon-
strated a higher resolution capability in Experi-
ment 2, the following result was obtained. 
Table I. 
}'requency resolution with cyclic variation removed. 
la. ,11 Increase in,11 
Hz Hz % 
1000 220 170 
2000 440 170 
3000 630 210 
3.3.3. Experiment 4 (The effect of 
increasing the approach velocity 
Since the saw-tootl} had a significant effect on 
the resolution capability, we wondered what the 
effect would be of increasing the rate of change of 
frequency. This obviously increased the possible 
error due to delay in subject's response. The object 
velocity was doubled to 3 m/s doubling the slope of 
tal (t) and the reset value as seen in Fig. 6. The fol-
lowing result was obtained again by S2. 
Table II. 
Effeot of increasing velocity on frequency resolution. 
faa Llf Decrease in ,11 
Hz Hz % 
1000 ,130 30 
2000 230 11 
3000 240 16 
Table III. 
Comparison of frequency resolution in four experiments. 
fa. ,1f(1) ,1/(1)/1 Llf(2) ,11 (2)/1 ,1f(3) ,1f( 3)/1 
Hz Hz Hz Hz 
1000 400 O.fiO 180 0.20 220 0.2fi 
2000 700 0.42 2fiO 0.13 240 0.2fi 
3000 1100 0.4fi 300 0.11 630 0.23 
Lli (1) simultaneous presentation of fal and faa 
,1/(2) saw-tooth frequency decrease fal (t) 
,1/(3) linear frequency decrease lal (t) 
,1/(4) saw tooth frequency decrease lal (t) at double mte. 
,1f (4) 
Hz 
130 
230 
240 
,11 (4)11 
0.14 
0.12 
0.08 
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Quantitatively the improvement in resolution is 
not signi~cant except at low frequency. Qualitat. 
ively however, the sensation of image slide is more 
pronounced and the separation of images is very 
clear by all who experience the phenomenon. 82 was 
unable to respond to the sensation sufficiently 
quickly to change greatly the measured resolution 
capability obtained in Experiment 2. 
Summarising resolution of 82 : 
4. Sqmmary of results 
From the above experiments, results can be 
cOmpared and summarised as follows: 
1) The capability of frequency resolution, under 
dynamic conditions is significantly imptoved when 
compared with that under stationary conditions. 
2) The frequency resolution, measured in the dyna. 
mic case, appears to be independent of the values 
ofIADl and lADz. Rowell [5], when determinining 
the frequency difference between two stationary 
tones so that each could be localised, also reported 
this non-relationship; however, he also showed a 
frequency difference of almost an octave. 
3) In CIFM sonar, the Doppler effect results in an-
increase of the rate of change of the range coding 
frequency by a factor of two, within each sweep 
cycle. This gives an improvement in the resolution 
capability (compare experiments 2 and 3). 
4) An increase in the relative velocity of target and 
sonar also improves the resolution capability of the 
auditory display system, quaI}titatively as well as 
qualitatively (comparing examples 2 and 4). How· 
ever, if the target velocity results in too large a rate 
of change of the range coding frequency, the human 
reaction time becomes an important factor in the 
measurement of resolving power and the tracking 
of objects. Thus, in the Sonar for the Blind when 
Ts = 0.250 s, v = 1.5 m/s and rl(O) = 3 m, signals 
will be resolved cognitively long before reaction can 
be recorded. 
(Received August 5 t1t, 1975.) 
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